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Information from Radar Signals 



INTRODUCTION 

This chapter includes the basic measurements that can be made by a radar; the theoreti¬ 
cal accuracy of radar measurements; the ambiguity diagram that graphically illustrates 
the characteristics of radar waveforms in the time (range) and frequency (radial velocity) 
domains; pulse compression, which is used to achieve high range-resolution without the 
need for high peak power; and target recognition methods whereby a radar distinguishes 
one type of echo signal from another. 

A radar obtains information about a target by comparing the received echo signal with 
the signal that was transmitted. It was said in Chap. 5 that the presence of a target is an¬ 
nounced when the echo signal is strong enough to cross the receiver detection threshold. 
Knowing that a target is present, however, is almost never sufficient in itself. More must 
be known to be useful; thus a radar must provide information about the target, as dis¬ 
cussed next. 


BASIC RADAR MEASUREMENTS 

A radar can obtain a target’s location in range and azimuth, and sometimes elevation. Af¬ 
ter several observations of a moving target over a period of time, the target trajectory, or 
track, can be obtained. Radar can also do more than simply characterize the target as a 
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“blob.” In this section, the information available from a target first will be discussed as if 
the target were a point scatterer and then as a distributed scatterer. For purposes of thj s 
chapter, a point scatterer, or point target, is one with dimensions small compared to the 
size of the radar resolution cell in range, cross-range (angle), or both. The target’s indi¬ 
vidual scattering features, therefore, are not resolved. A distributed scatterer, or target is 
one with dimensions large compared to the resolution-cell size, allowing the individual 
scatterers to be discerned. The resolution capabilities of a radar usually (but not always) 
determine whether a target is considered as a point scatterer (unresolved) or a distributed 
target (resolved). A complex scatterer is one that contains multiple scatterers. A complex 
scatterer can be either a point scatterer or a distributed scatter. 

Measurements of a Point Target The basic radar measurements that can be made for a 
point target when only a single observation is made are range, radial velocity, direction 
(angle), and, in some special cases, tangential velocity. 

Range It was said in Chap. 1 that the measurement of distance, or range, was obtained 
from the round-trip time T R required for a radar signal to travel to the target and back. 
The range R is given by cT R /2, where c = velocity of propagation. In many radar appli¬ 
cations the target’s range is the most significant measurement that is made. No other sen¬ 
sor has been able to compete with radar for determining range to a distant target, espe¬ 
cially in accuracy, ability to make a measurement over very long or very short distances, 
and under adverse weather conditions. A long-range air-surveillance radar might measure 
range to an accuracy of many tens of meters, but accuracies of a few centimeters are pos¬ 
sible with precision systems. In the most precise systems, the accuracy of a range mea¬ 
surement is limited only by the accuracy with which the velocity of propagation is known. 
The spectral bandwidth occupied by the radar signal is the fundamental resource required 
for accurate range measurement. The greater the bandwidth, the more accurate can be the 
range measurement. 

Angle Measurement Almost all radars utilize directive antennas with relatively nanow 
beamwidths. A directive antenna not only provides the large transmitting gain and large 
receiving aperture needed for detecting weak echo signals, but its narrow beamwidth al¬ 
lows the target’s direction to be determined accurately. It can do this by noting the di¬ 
rection the antenna points when its received echo signal is a maximum. A typical mi¬ 
crowave radar might have a beamwidth of one or a few degrees. The narrowest beamwidths 
of operational radars have been about 0.3°. This is not an absolute limit; but the narrower 
the beamwidth, the greater the mechanical and electrical tolerances that are required of 
the antenna. 

Angular accuracy can be much better than the antenna beamwidth, as described later 
in this chapter. Angle accuracy depends on the electrical size of the antenna (size as mea¬ 
sured in wavelengths). With signal-to-noise ratios typical of those required for reliable de¬ 
tection, the angular location of a target can be determined to about 1/10th of a beamwidth. 
The best precision monopulse tracking radars used for range instrumentation can deter¬ 
mine angle to about 0.1 mrad rms (0.006°) if the signal-to-noise ratio is large enough and 
if the proper efforts are taken to minimize errors. 
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Radial Velocity Measurement of the radial component of velocity in many radars is ob¬ 
tained from the rate of change of range. This is known as the range rate. The classical 
method for finding the radial velocity is based on v r = ( R 2 - R { )I(T 2 — 7\). It is found 
from the range R, measured at time 7j and the range R 2 at time T 2 . However, this method 
of finding range rate (or any other derivative of a location measurement) is not consid¬ 
ered here as a basic radar measurement even though it may be widely used. Instead, the 
doppler frequency shift is the basic method for obtaining radial velocity. It can be made 
on the basis of a single observation. Using the classical expression [Eq. (3.3)] for the 
doppler frequency shift, f d , the radial velocity v,. is given as 

v r = \f d /2 [6.1] 

where A = wavelength. It can be shown from the theoretical accuracy expressions pre¬ 
sented later in this chapter that the radial velocity accuracy derived from the doppler fre¬ 
quency shift can be much better than that found from the range rate, assuming the time 
between the two range measurements in the range-rate method is the same as the time 
duration of the doppler frequency measurement. (See Problem 6.5.) 

It will be seen later that the accuracy of the doppler-frequency measurement depends 
on the time duration over which it is made. The longer the time, the better the frequency 
accuracy. Because of the relationship between radial velocity and wavelength in Eq. (6.1), 
the shorter the wavelength, the shorter can be the observation time to achieve a required 
velocity accuracy. (The shorter the wavelength, the higher the frequency.) Or, the shorter 
the wavelength, the better will be the velocity accuracy for a given observation time. 

In spite of its good accuracy, the doppler frequency shift is not used as often as is the 
range-rate for obtaining the radial velocity since it can result in ambiguities in range and/or 
doppler when employed with a short or a medium pulse-duration radar. 

Tangential (Cross-Range) Velocity Just as the temporal doppler frequency shift can 
provide the radial velocity, there exists in the spatial (angle) domain an analogous spatial 
doppler-frequency shift from which the tangential velocity can be determined. 1 (If the ra¬ 
dial velocity is v r = v cos 6, the tangential velocity is v, = v sin 0, where v is the target’s 
speed and 6 is the angle between the target’s velocity vector and the radar line of sight.) 
The angle-rate times the range is equal to the tangential velocity. Together, the tangential 
velocity and the radial velocity can give the magnitude of the target’s speed v and its di¬ 
rection 6. The measurement of tangential velocity has not been of practical interest in 
radar since it requires a long-baseline antenna system. 

Measurements of a Distributed Target With sufficient resolution in the appropriate di¬ 
mension, the size and shape of a distributed target can be ascertained. It should be re¬ 
called that resolution and accuracy are not the same. Range resolution requires that the 
entire bandwidth be occupied continuously without gaps in the signal frequency spectrum. 
Range accuracy, however, only requires, as a minimum, that there be adequate spectral 
energy at the two ends of the spectral bandwidth. The spectral bandwidth need not be 
fully occupied. This assumes that there is only one scattering object present. Resolution 
requires a filled spectrum; accuracy can be achieved with a thinned, or sparse, spectrum. 
A similar description applies in the temporal (time) domain for frequency measurement, 
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and in the spatial (antenna) domain for angle measurements. Generally, good resolution 
will provide good accuracy; but the reverse is not necessarily true since accurate ntea 
surements can be made with waveforms that do not provide good resolution. 

Radial Profile The target’s profile (and size) in the range dimension can be obtained 
when the radar’s range resolution cell is smaller in size than the target’s dimensions (i. e 
when the scattering centers of the target can be resolved). To obtain a radial profile of 
a target it is required that ct/2 « D, where D = the target’s radial component and 
r = pulse width. Good resolution in the range dimension requires large spectral band¬ 
width. The radial profile of a target sometimes can be employed to obtain limited “recog¬ 
nition” of one type of target from another. 

Tangential (Cross-Range) Profile With sufficient resolution in the angle dimension 
the tangential (cross-range) profile of a distributed target can be determined. This can pro¬ 
vide the angular size of the target and the location in angle of the scattering centers. If 
the range is known, the location of scatterers in the tangential dimension can be deter¬ 
mined since the cross-range (tangential) dimension is equal to the product of range and 
angle (the latter in radians). Resolution in cross-range based on conventional angle mea¬ 
surements is generally not as good as the resolution that can be obtained in the range di¬ 
mension. Synthetic aperture radar (SAR) and inverse synthetic aperture radar (ISAR), 
however, can provide excellent cross-range resolution without the need for large anten¬ 
nas. (In SAR and ISAR, the equivalent of resolution in angle may be thought of as being 
obtained because of resolution in the doppler frequency domain.) 

Size and Shape When the tangential profile is obtained at each range resolution cell, 
the target image (size and shape) is formed. Imaging radars, such as SAR, ISAR, and 
SLAR (side-looking airborne radar), have sufficient resolution in both range and cross¬ 
range to resolve the major scatterers of a distributed target. (SLAR achieves its tangen¬ 
tial resolution by use of a narrow beam antenna directed perpendicular to the flight di¬ 
rection of the aircraft carrying the radar.) 

Symmetry The response of a target to changes in the polarization of the radar signal 
can provide a measure of the symmetry of-the target. (The polarization of a radar signal 
is determined by the orientation of the electric field.) If a sphere (a perfectly symmetri¬ 
cal target) were directly viewed by a radar with a rotating linearly polarized signal, there 
would be no change of the echo signal when the polarization is changed. On the other 
hand, if the same rotating polarization radar were to view a long narrow rod, the echo 
would be maximum when the electric field (polarization) is parallel to the rod and mini¬ 
mum when it is perpendicular to the rod. By observing the variation of the amplitude of 
the echo signal as a function of polarization, the orientation and shape of the rod can be 
determined. Measurement of target symmetry using polarization is not widely used in 
radar; however, it is the basis for detection of aircraft (an asymmetrical target) in the pres¬ 
ence of rain (symmetrical target) when using circular polarization (defined as the electric 
field rotating at the RF frequency. Sec. 7.8). 
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Change of Radial and Tangential Profiles Here it is assumed that the pulse is long 
enough so that the individual scatterers of a complex target are not resolved. If the indi¬ 
vidual scatterers of this complex target change their relative locations in range (radial pro¬ 
file), the echo signal will experience a change in amplitude due to constructive and de¬ 
structive interference among the echo signals from the individual scatterers. Changes in 
the target echo amplitude, therefore, indicate there are changes in the relative locations of 
the individual scatterers of the complex target. 

Examples of target effects that might be recognized by the amplitude modulation of 
the echo signal include changes in target aspect, propeller modulation, jet engine modu¬ 
lation, and the time-varying separation of two closely spaced, unresolved targets (such as 
two aircraft or an aircraft and a missile). 

Surface Characteristics The dielectric constant of a target’s surface material and the rough¬ 
ness of its surface can, in principle, be found from radar measurements. Surface rough¬ 
ness may be determined by varying the radar frequency and noting where the scattering 
changes from specular (a smooth surface) to diffuse (rough surface). This boundary de¬ 
pends on the size of the surface roughness relative to the radar wavelength. Surface rough¬ 
ness, such as the height of ocean waves (the sea state), can be found from a direct mea¬ 
surement with a high range-resolution radar, as has been done from space with a precision 
high-resolution altimeter. 

The dielectric constant of the scattering surface can be found if the reflection coeffi¬ 
cient can be measured and if the shape and roughness of the surface are known. This is 
practical under laboratory conditions, but difficult to apply with radar. Radar cross sec¬ 
tion measurements over a wide range of frequencies, however, were used to estimate the 
dielectric properties of the moon’s surface (before astronauts landed on the moon and 
brought back rocks for laboratory analysis). 2 ' 3 

The surface roughness and the dielectric constant are of interest for remote sensing 
with radar, especially from space. The former might indicate the sea state over the oceans 
of the world; and the latter, if it were practical, might be used to determine soil moisture, 
which is of interest for agriculture and hydrology. Although the radar determination of 
surface characteristics might be desirable, it has proven to be difficult to achieve except 
under limited circumstances. 


6.3 THEORETICAL ACCURACY OF RADAR MEASUREMENTS 

Noise is the fundamental limitation to accurate radar measurements. The theoretical as¬ 
pects of the extraction of information from radar signals have benefited greatly from the 
theory of statistical parameter estimation just as the theory of detection has benefited 
from the statistical theory of hypothesis testing. 4 In this section, expressions for the the¬ 
oretical accuracies of radar measurements will be presented. It is assumed that the signal- 
to-noisc ratio is large. This is usually the case since it was found in Sec. 2.5 that large 
signal-to-noise ratios are required for detection of a signal. Detection must occur before 
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meaningful information can be extracted about a target echo. It is further assumed that 
the measurement error associated with a particular parameter is independent of the errors 
in any of the other parameters, that accuracy is limited only by receiver noise, and that 
all bias errors are accounted for separately. The measure of error is the root mean square 
(rms) of the difference between the measured (estimated) value and the true value. 

The expressions given in this chapter for the theoretical rms error SM of a radar mea¬ 
surement M have the following form: 

s ,. _ kM 

V2E/N 0 [6 ' 21 

where k is a constant whose value is in the vicinity of unity, E is the received signal en¬ 
ergy, and N 0 is the noise power per unit bandwidth. The following will be shown later in 
this section: 

• For a time-delay (range) measurement, k depends of the shape of the frequency spec¬ 
trum S(f), and M is the rise time of the pulse (inversely proportional to bandwidth). 

• For a measurement of radial velocity based on the doppler frequency, k depends on 
the shape of the time waveform s(t), and M is the spectral resolution (inversely re¬ 
lated to the time duration of the signal). 

• For an angle measurement, k depends on the shape of the aperture illumination A(x), 
and M is the beamwidth. 

Theoretical radar accuracies may be derived by a variety of methods such as (1) sim¬ 
ple geometrical relationships among the signal, noise, and the parameter to be measured; 5 
(2) the likelihood ratio; 6 (3) the method of inverse probability; 7 (4) a suitably selected 
gating function preceded by a matched filter; 8 and (5) minimization of the mean square 
error. 9 

The simple method (no. 1) for finding the rms error in the measurement of time de¬ 
lay when the waveform is a rectangular pulse will be illustrated next. This derivation takes 
some liberties, but it has the advantage of being easy to understand. Fortunately, the sim¬ 
ple method and the more involved methods give similar answers for the rectangular pulse. 

Time-Delay (Range) Accuracy— Simplified Method The measurement of range R is the 
measurement of the round-trip time delay T R for the radar signal (waveform) to travel out 
to the target and back. The rms error in range is SR = (c/2) ST R , where c is the velocity 
of propagation, and 8T R is the rms error in time delay. The range, or time-delay, mea¬ 
surement to be described here is based on locating the leading edge of the video pulse. 
Fig. 6.1. The video pulse uncorrupted by noise is shown by the solid curve. Its shape is 
not perfectly rectangular, but has finite rise and fall times. (Zero rise or fall times require 
infinite bandwidth.) The effect of noise added to the pulse is to shift the time of thresh¬ 
old crossing as shown by the dashed curve. Since large signal-to-noise ratio is assumed, 
the slope of the leading edge of the noise-free pulse (solid curve) can be equated to the 
slope of the leading edge of the pulse with noise added (dashed curve). The slope of the 
leading edge of a pulse of amplitude A at the output of a video filter is A/t r , where t, is 
the rise time. From Fig. 6.1, the slope of the signal plus noise (dashed curve) can be 
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F'aure 6.1 Measurement 
0 f time delay using the 
leading edge of the video 
pulse. Solid curve is the echo 
pulse uncorrupted by noise. 
Dashed curve represents 
signal plus noise. 


n it) ./ 


\^'"Rectangular" pulse 

\ Rectangular" pulse 

\ \ plus noise 


\ Threshold 
_ _ 

\\ 


written as n(t)/AT R , where nit) is the noise voltage at the threshold crossing of the pulse, 
and A T R is the error in the time-delay measurement. Equating the slope of the leading 
edge of the pulse without noise to the slope of the pulse with noise gives 


M r = n(t)/AT R 


which leads to 


[(ST R f] u2 = ST r = 


(A 2 In 2 ) 1 


(2S/N) 


where A 2 /n 2 is the video signal-to-noise power ratio. The last part of Eq. (6.4) follows 
from the fact that the signal-to-noise power ratio for a rectangular video pulse is equal to 
2 S/N, where S/N is the signal-to-noise power ratio of a sinewave pulse in the IF portion 
of the receiver. This assumes a linear detector and a large signal-to-noise ratio. Equation 
(6.4) indicates that accurate measurements of time delay require video pulses with short 
rise times and large amplitudes. The width of the pulse does not enter explicitly in this 
expression. 

If the rise time of the video pulse is limited by the spectral bandwidth B of the 
rectangular-shaped IF filter, then t r ~ \IB. Letting S = Eh and N = N 0 B, the error in the 
time delay can be written 


57 * = 


2BFJN a 


where r = pulse width, B = spectral bandwidth of the rectangular filter, E = signal en¬ 
ergy, and N 0 = noise power per unit bandwidth. If a similar measurement of time delay 
is made at the trailing edge of the video pulse, and if the noise at the trailing edge is in¬ 
dependent of the noise at the leading edge, then the two measurements can be averaged 
to obtain an improvement in the time-delay accuracy of V2, which gives 


<57* = 


4 BE/Nn 
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The estimate of the time delay obtained by determining when either the leading edge 
or trailing edge of the pulse crosses a threshold, as in Fig. 6.1, will depend on the value 
of the threshold relative to the peak value of the pulse. The choice of threshold level is 
important, therefore, for consistency in accurate measurement when only the leading edge 
is used. It has been suggested that the bias error can be avoided by one of several meth¬ 
ods. 10-12 One method is to use an adaptive threshold in which the level of the threshold 
is always a fixed fraction of the pulse amplitude. If the average of the two time delays 
found from both the leading and trailing edges of the pulse is used, there is no theoreti¬ 
cal bias with change of amplitude if the pulse shape is symmetrical. 


Time-Delay Accuracy and Effective Bandwidth There are several methods 6-9 based on the 
likelihood ratio, inverse probability, and other statistical analyses, which all lead to the 
following expression for the rms error in the measurement of the time delay 

STr (3 (2E/N 0 ) 1/2 1671 

where E is the signal energy, N 0 is the noise power per unit bandwidth, and (3 is called 
the effective bandwidth and is defined as 


(2tt/) 2 |5(/)| 2 df 

/3 2 =-=>- 

\S{f)\ 2 df 

J — co 


i r 

- (Iff) 2 \S(f)\ 2 df 

C, J—QD 


[ 6 . 8 ] 


It has also been called the rms bandwidth. The effective bandwidth [3 is such that (/3/2 -jt) 2 
is the normalized second moment of |S(/)| 2 about its mean. Equation (6.8) assumes that 
the mean value of S(f) is at/= 0, where S(f) is the video spectrum with negative as 
well as positive frequencies. The effective bandwidth f3 is different from other bandwidths 
encountered in electronic engineering. It is not related to either the half-power bandwidth 
or the noise bandwidth. The more the spectral energy is concentrated at the two ends of 
the band, the larger will be f3 and the more accurate will be the measurement of time 
delay. 

The first edition (1962) of this text discussed three different methods for deriving Eq. 
(6.8) based on statistical concepts. 6-8 The second edition (1980) described one method to 
derive this equation. 8 These methods are not included in the current edition since there 
now appears to be less interest in the mathematical aspects of the subject. The applica¬ 
tion of Eq. (6.8), however, is important and will be discussed next. 


Rectangular Pulse When the spectrum S(f) of a perfectly rectangular pulse—one with 
zero rise time and zero fall time—is inserted in Eq. (6.8) for the effective bandwidth, the 
result is obtained that (3 = °°. This means that 8T R = 0; hence, the measurement of the 
time delay can be made with zero error. It may seem strange, but it is correct for the per¬ 
fectly rectangular pulse that was assumed. An infinite bandwidth implies zero rise time 
(infinite slope) so noise does not displace the threshold crossing in time (as it does in Fig. 
6.1 for a finite rise time) and there will be no error in the delay. A perfectly rectangular 
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pulse, however, requires infinite bandwidth, which is not possible. Thus the bandwidth of 
a practical “rectangular” pulse must be finite, there will be finite rise and fall times, and 
the rms time-delay error will not be zero. 

To obtain the effective bandwidth f3 for a finite-bandwidth pulse, it will be assumed 
that the spectrum of a perfectly rectangular IF pulse of width t,. is limited to a finite spec¬ 
tral bandwidth B s . For the time-delay measurement that uses the envelope of the IF pulse, 
this is equivalent to a video spectrum S(f) = (sin that is limited to a spectral 

width ± BJ2, as in Fig. 6.2. (The video spectrum is shown here with both negative and 
positive frequencies, as is required in Fourier analysis.) Although the analysis considered 
here is based on the video pulse of width r,. and a low-pass filter of video bandwidth B s /2, 
the result is the same as taking the envelope of an IF pulse of width r,. and an IF band¬ 
pass filter of bandwidth B s . The value of (i 2 for this case is found by setting the limits of 
the integration in Eq. (6.8) from ~B s /2 to +BJ2 instead of from -os to + oo which is 
then 


P 2 = 


rB s /2 

(2tt) 2 / 2 (sin 2 7r/r r )/ v 2 f 2 df 

J -B s n _ _ 

rB s !2 

(sin 2 7r/T r )/7r 2 / 2 df 

J —R.n 


ttB, T r — sin irB s T r 


J_ 

t 2 Si(TrB s T r ) + (cos TrB s T r - l)hrB s T r 


[ 6 . 9 ] 


where Si (x) is the sine integral function defined by f (sin u)/u du. For large B s T r in Eq. 
(6.9), the product /3 2 t 2 -» 2 B s r r , or 0 


9 D J 

P 2 = — - for large B,i y 

T r T r t r 


[ 6 . 10 ] 


It was assumed in Eq. (6.10) that the rise time t r of the pulse is approximately the inverse 
of the spectral bandwidth B s (the total width of the spectrum, not the half-power band¬ 
width). 


Figure 6.2 Spectrum [(sin ir/rj/irfrj of a 
rectangular pulse of width t , shown limited to a 
spectral extent of -BJ2. 



Frequency 
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Substituting this expression for /3 2 into Eq. (6.7) gives the rms error in time delay as 

1/2 

rectangular pulse, B,r r >> 1 [ 6 1 ^ 

This applies for large B s r r , or when the rise time is small compared to the pulse width 
Note that Eq. (6.11), derived in a totally different manner, is the same as Eq. (6.6) except 
for denoting the spectral bandwidth in Eq. (6.11) as B s instead of B and the pulse width 
as T r instead of r. 

The value of (3 = (2BJt,)' 12 for a long rectangular pulse of fixed bandwidth B ( or 
fixed rise time) decreases with increasing pulse width t,. Thus if the total energy remains 
the same, the time-delay accuracy decreases (becomes worse) with increasing pulse width 
even though the rise time remains the same. 

It is not often that B s T r » 1 in radar applications. Next, the more usual case is ex¬ 
amined, where the product of half-power bandwidth and pulse width is approximately unity 

Quasi-Rectangular Pulse As before, we start with a perfectly rectangular pulse of width 
T r . The spectral extent B, is assumed in Fig. 6.2 to be limited to the main portion of the 
rectangular video pulse spectrum that lies between the first nulls at - 1 /t,. and +1 / ~ r 0 n 
either side of the spectrum peak at/= 0. (As mentioned, integration over negative as well 
as positive frequencies has to be considered in Fourier analysis). Thus the IF spectral band¬ 
width extent is B s = 2h r The half-power bandwidth is B ~ BJ2; or B ~ 1/t>. (The prod¬ 
uct of the half-power bandwidth B and the width r r of a rectangular pulse is actually equal 
to 0.886; but, for convenience, it is usually “rounded off’ to unity. This is more like the 
usual case in radar where Br = 1.) The solid curve of Fig. 6.3 shows the pulse shape that 


Original rectangular 


pulse width, x r 



8T r = 


T r 


ABJi/N, 


4E/N, 


Figure 6.3 Solid curve is the theoretical waveform out of a low-pass rectangular filter of 
bandwidth B v = BJ7. = 1/t,- when the input is a rectangular pulse of width t t . It is the same as 
the envelope out of an IF filter of bandwidth B s = 2/t> when the input is a rectangular pulse of 
sinewave of width t>. In the text this is called a quasi-rectangular pulse. The dashed curve applies 
for B s = 6/ T r . 
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emerges from the video low-pass filter of bandwidth BJ2, which corresponds to an IF fil¬ 
ter with bandwidth B s . Although Fig. 6.3 doesn’t resemble a perfectly rectangular pulse, 
it will be called the quasi-rectangular pulse. It is not unusual for a pulse radar to radiate 
a similar-looking waveform when it is thought that a “rectangular” pulse is being gener¬ 
ated. (A rounded pulse is often used in radar since it produces less out-of-band interfer¬ 
ence to other users of the electromagnetic spectrum.) Substituting B s r r = 2 into Eq. (6.9), 
we get that (ir r is very close to 2.1; which, when inserted into Eq. (6.7), gives the rms 
time-delay error as 


ST r 


Tr 

2.1(2E/N 0 ) 112 


quasi-rectangular pulse, Br r ~ 1 


[ 6 . 12 ] 


This expression for the rms time-delay error is considered here to be representative of a 
conventional pulse typically used in radar. Since the rectangular IF filter is of bandwidth 
B s = 2/t,., then /3 = 1 .()55 v . In terms of the half-power bandwidth B of the IF spectrum, 
/3 = 2.4 B when Br r = 0.886, or /3 «= 2.15 when Bt ~ 1. The dashed curve in Fig. 6.3 for 
B s r r = 6 is shown to indicate the shorter rise time of the pulse when the bandwidth B s is 
much wider than the quasi-rectangular pulse. 

The symbol T r was used for the pulse width in the above analysis instead of r to in¬ 
dicate it was the width of the perfectly rectangular pulse before it is passed through a rec¬ 
tangular IF filter of bandwidth B, (or video bandwidth B s /2). If t denotes the half-power 
pulse width that emerges from a filter of bandwidth B s = 2 h r , then r = 0.625 T r . The ef¬ 
fective bandwidth in this case is /3 = 1,3/r. 


Trapezoidal Pulse A rectangular pulse is sometimes approximated by a trapezoidal pulse 
with finite rise and fall times. If the width across the top of the trapezoid is t p and if the 
rise and fall times are t r , then the rms error in time-delay measurement is 

/ 3 T t. + 2t 2 V 12 

ST r = \ —£4-) trapezoidal pulse [6.13] 

V 12E/N 0 j 

When the rise time t r is small compared to the width T p of the top of the trapezoid, Eq. 
(6.13) becomes 


ST r = 


T t - 
1 p L r 

4E/N 0 


tr«T n 


[6.14] 


which is the same as Eq. (6.11) for the rectangular pulse with short rise time. Note that 
the larger the width t p , the poorer is the accuracy. 


Triangular Pulse When r p = 0 in Eq. (6.13), the pulse is triangular and its base = 
2 t r = T fl . The rms error becomes 

8T R = 'i2 m pE/No) U2 triangular pulse [6.15] 

In terms of the half-power bandwidth B of the (sin 2 x)/x 2 spectrum of a triangular pulse 
(where x = vfT B /2), the effective bandwidth f3 = 2.72 B. 
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With a triangular or rounded pulse (such as the quasi-rectangular, gaussian, or (sin x)/ x 
time waveforms) the time delay might be found by differentiating the pulse waveform and 
selecting the time at which s '(/) goes through zero (which is the point at which the am¬ 
plitude of s(t) is a max). 


Gaussian Pulse Consider a pulse described by the gaussian function 


s(t ) = exp 


1.38r \ 

- 2 ) 


[ 6 . 16 ] 


where r in this case is the half-power pulse width. Its rms time-delay error is 


ST r 


_T_ 

1.18(2£/2Vo) 1/2 


1.18 

ttB(2E/N 0 ) 1/2 


gaussian pulse 


[6.17] 


where B is the half-power bandwidth of the gaussian-pulse spectrum. 


Cosine Pulse The positive half of one cycle of a cosine also can represent practical 
radar pulses. Its time waveform is cos ( rrtlT B ), where t b is the width of the base. Its ef¬ 
fective bandwidth is /3 = tt/t b = 2.64 B, where B = half-power bandwidth. The parabolic 
pulse, given by s(t) = 1 — 4r 2 /rj, is similar in shape and has (3 = 3.16/ t b . 


Pulse with Uniform Spectrum The effective bandwidth of a waveform with a uniform 
spectrum of width B u is f3 = 7tB u / V 3. The time waveform is of the form (sin vBj)hrB u t. 
The rms time-delay error is 


ST r = 


V3 


7tB u {2E/N 0 ) 


1/2 


sin vBj 
vB u t 


waveform 


[ 6 . 18 ] 


The above applies to a linear-FM pulse-compression waveform with large time-bandwidth 
product. 


Minimum Error Examination of the integral in the numerator of the expression for /3 2 
in Eq. (6.8) indicates that a large value of (3 requires that the spectral energy be concen¬ 
trated at the extremes of the spectral bandwidth [note that the origin is at the mean value 
of S(/)]. Consider, therefore, a spectrum with its entire energy concentrated in delta func¬ 
tions at both ends of the video spectrum, such as S(f ) — 8( f + BJ2) + 8(f — B s l 2). Sub¬ 
stitution of this spectrum into Eq. (6.8) yields (3 = ttB s . This is the largest value of (3 that 
can be obtained for a spectrum occupying a bandwidth B s . The time waveform corre¬ 
sponds to two sinewaves, each of infinite duration, separated in frequency by B s . (The 
time duration of the waveform, of course, cannot be infinite. The result is approximately 
the same, however, if the time duration Tis such that l/r« B s .) This waveform, how¬ 
ever, results in range ambiguities that have to be resolved. It does not work when multi¬ 
ple unresolved targets are present. 

Two CW waveforms separated in frequency by B have been considered in the past 
for measurement of range by determining the phase difference between them. 1 ' 114 The 
phase difference A</> between the two frequencies separated by B gives the time delay as 
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= _k4_ 

2t tB 


[6.19] 


The error in time delay, ST R , based on the theoretical error in phase Scf> [which is 8<fi = 
(2 S/N)~ U2 ] from each of the two sine waves (with each having one half the total energy) 
results in the same value of /3 = ttB as found above by substituting the two delta- 
function spectrum into Eq. (6.8). 

The two-frequency CW waveform might have a higher effective bandwidth than the 
others (and better time-delay accuracy), but it is inconvenient to use because of ambigu¬ 
ities. In practical embodiments of this method of range measurement, four or five fre¬ 
quencies have been used to resolve the ambiguities and achieve good accuracy. 15 


Other Considerations In the expression for time-delay error as given by Eqs. (6.7) and 
(6.8), the energy E appears as a normalizing factor in the effective bandwidth (3. It also 
appears in the signal-to-noise energy ratio (2 E/N 0 ). The energy cancels, and the rms time- 
delay error can be written as 

/_ Nq _\ 1/2 

5Tr = \ 2j“ (2 tt/) 2 |S(/)| 2 df ) [6 ‘ 201 

' — CO ' 


The integral in the denominator also can be expressed as 


/«oo /*cx 

$ 2 E = [s\t)fdt= - 

J — SO J — 


s"(t)s(t ) dt 


[ 6 . 21 ] 


The energy E does not appear in the right-hand side of this equation for /3 2 E since 
/3 2 ~ 1 IE. When calculating /3, the expressions of Eq. (6.21) sometimes are easier to com¬ 
pute than the integral of Eq. (6.8). Equation (6.21) implies that accurate time delay is ob¬ 
tained with waveforms having large first derivatives over the time duration of the signal. 

Table 6.1 lists the effective bandwidths [3 for the various waveforms considered here. 
There is not much difference in (3 among the various waveforms in this table. One might, 
therefore, not be too concerned about which waveform ought to be chosen based on time- 
delay accuracy alone. The triangular waveform has a large theoretical accuracy, but the 
discontinuity of the slope at the middle of the pulse presents practical problems in its 
generation. The values of /3 for the “rounded” pulses (gaussian, cosine, and quasi- 
rectangular) are not much lower than the triangular, and they are better representations of 
the shape of practical radar pulses. Radar pulses are almost always band-limited and are, 
therefore, rounded rather than appear as the perfectly rectangular pulses as sometimes 
seen in textbooks. The cosine seems a good compromise choice as typical of these rounded 
waveforms. The uniform spectrum, such as that of the linear-FM pulse-compression wave¬ 
form, is about 213d less accurate than the rounded pulse if its spectral extent B equals the 
half-power bandwidth of the rounded pulse, but this is not much of a difference. 


Accuracy of Frequency and Radial Velocity The measurement of frequency in radar is that 
of the doppler frequency shift. As mentioned previously, the radial component v r of 
velocity can be found from the doppler frequency shift f d = 2v r /\. where A is the radar 
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Table 6.1 Effective Bandwidth /3 for Various Waveforms 


Effective 


Description 

Time Waveform sit) 

Bandwidth 

P 

Gaussian pulse 

exp (— 1.38t 2 /r 2 ) 

2.66 B, or 
1.18 /t 

Cosine pulse 

COS (7 rt/r B ) 

2- 64 B, or 

3- 14 /t b 

Triangular pulse 

(2 t/r s ) + 1 -t b /2 < t < 0 

-(2 t/r B ) + 1 0 < t < t b /2 

2.72 B, or 
3.46 /t/; 

Quasi-rectangular* 

B s T r = 2; Bt,. = 0.886 

Si IviBst + 1)] - Si[iKBj - 1)] 

2.38 B, or 
2.1/r„ or 
1.3 /t 

Uniform spectrum of 
width B u 

( sin ttB„ OIttBj 

1.8 B,„ or 
2.04 /t 

Band-limited, rectang¬ 
ular pulse; B s t,. » 1 

Si [irB,(t + t,/2)] - Si[irB,.(t - r/2)] 

1.4Vfl^ 

2 CW sinewaves 
separated by B s 

video spectrum: 

8(f+B s /2) + 8(f-BJ2) 

3.14 B, 


B $ = spectral extent, 8 = half-power bandwidth, t = half-power pulsewidth, t , = width of original rectangular 
pulse, t b = extent of pulse (at its base], Si [X] sine integral function of X. 


'Considered to be typical of many pulse waveforms. 


wavelength. The rms error in radial velocity is 8v r = (A/2) 8f d , where 8f d is the rms error 
in the doppler frequency. 

Using the method of inverse probability. Roger Manasse 16 showed that the rms error 
in the measurement of frequency is 


where 


Sf = 


1 

a (2E/N 0 ) U2 


[ 6 . 22 ] 


rQC. 

(2Trt) 2 s 2 (t)dt 

or = - [6.23] 

I s 2 (t)dt 

J —co 

and s(t) is the input signal as a function of time. Note the similarity of this expression for 
8f and that of 8T R in Eq. (6.7), as well as the similarity in the expressions for a and (3. 
The parameter a is the effective time duration of the signal, and (allir) 2 is the normal¬ 
ized second moment of s 2 (t) about the mean epoch, taken to be t = 0. [If the mean is not 
zero, but is some other value, f 0 , the integrand in the numerator of Eq. (6.23) would be 
(27 T) 2 (t - t 0 ) 2 s 2 (t).] 
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Rectangular Pulse The value of cC for a perfectly rectangular pulse of width r is found 
to be 7 t 2 t 2 /3; thus the rms frequency error is 

V3 

Sf = 7n( 2E/N ) m rectangular pulse [6.24] 

The longer the pulse, the more accurate is the frequency measurement. This expression 
can also be applied to a frequency measurement made by a CW radar since the observa¬ 
tion time over which the CW measurement is made is equivalent to the pulse duration t. 


Quasi-Rectangular Pulse For the bandwidth-limited rectangular pulse of Fig. (6.2), the 
value of a 2 is 


2 2 
77 T r 


Si(7rB,.7y) + 


cos(7 tB s t,) — 3 2 sin ttB s t,. 8[cos(7rZ? s r r ) — 1] 

_ (77-4T-) 2 _ 

Si(irB s T r ) + [cos( ttB^t,.) — Y\hrB s T r 


[6.25] 


where T r is the width of a rectangular pulse that is passed through a rectangular filter of 
bandwidth B s , and Si (.x) is the sine integral function of x. In the limit as B,j r —» oo, a 2 
approaches ttt 2 /3, which is the same as that obtained for the perfectly rectangular pulse. 

In the discussion of the rms error in time delay given previously, a quasi- 
rectangular pulse with B s T r = 2 was considered. For this case, Eq. (6.25) gives a = 1.6t„ 
where r r is the width of the rectangular pulse before passing through a rectangular filter 
of bandwidth B s . The half-power width r after the pulse passes through the band-limited 
filter is 0.625r„ so that a = 2.6r. 

The value of a for a perfectly rectangular pulse is finite even though the value of (3 
for a perfectly rectangular pulse was found to be infinite. The effective time duration a 
will be infinite, however, for a waveform that has a perfectly rectangular frequency spec¬ 
trum of width B. Such a spectrum corresponds to a (sin x)/x time waveform of infinite 
duration, where x = vBt. Any practical waveform must be limited in time, and a will 
therefore be finite. The frequency error for a time-limited waveform with a rectangular- 
like spectrum may be found in a manner similar to that which was employed for finding 
the time-delay error of a band-limited rectangular pulse. The (sin x)/x time waveform is 
limited to a duration T s just as the (sin x)/x_ spectral bandwidth was limited to a bandwidth 
B s . The frequency error can be found from Eq. (6.11) except the roles of bandwidth and 
frequency are reversed. In Eq. (6.11), replace the time-delay error ST R with Sf, replace the 
pulse width T r with the bandwidth B, and replace the bandwidth B s with the signal dura¬ 
tion T s . 


Trapezoidal Pulse The theoretical rms error for the measurement of frequency with a 
trapezoidal pulse is 

(3r p + 2 t r ) m 
■ 2 pt r Tptl tl 
2 2 + 5 




1/2 


trapezoidal pulse [6.26] 
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where the rise and fall time is t r and the width across the top of the trapezoid is t ^s- 
suming, for example, that t r = r p /2, the value of a would be 0.81 ttt p . When t r is small 
compared to t p , the value of a approaches 77 t p A/ 3, which is the value found in the above 
for the perfectly rectangular pulse. 

Triangular Pulse This is obtained from the expression for the trapezoidal pulse by set¬ 
ting T p — 0 and letting 2 t r = t b , where t b = width of the base of the triangular waveform 
This results in 

(10) 1/2 

Sf= mm W2 triangular pulse [6.27] 

ttt b {2 E/No) 


Gaussian Pulse The rms error in frequency for a gaussian pulse is 
1.18 B 

Sf ~ ^2 £*„)“ = 1.18<2£W 0 )“ Sa ” P" 1 *' [6 - MI 

where r = half-power pulse width and B = half-power bandwidth. 

Multiple Observations The error expressions for time delay and frequency presented 
here apply for a single observation. When more than one independent measurement is 
made, the resultant error is reduced and may be found by combining errors in the usual 
manner for gaussian statistics: the variance (the square of 8T R or 8f) of the N indepen¬ 
dent observations is equal to UN of the variance of a single observation. Alternatively, the 
expression for a single pulse applies to multiple pulses if the energy E is the total energy 
of N pulses. The above assumes that the effective bandwidth /3 or the effective time- 
duration a remains the same for each of the N measurements. 

Certainty of the Uncertainty Principle The product of the effective bandwidth and the ef¬ 
fective time-duration a must be equal to or greater than 7r; that is, 

/3a > Tr [6.29] 

This relation may be derived from the definitions of (3 and a given by Eqs. (6.8) and 
(6.23) and by applying the Schwartz inequality Eq. (5.11). It is a consequence of the 
Fourier-transform relationship between a time waveform and its spectmm. The longer the 
time duration of a waveform, the narrower will be its spectrum. The wider the spectrum, 
the narrower will be the time waveform. Both the time waveform and its frequency spec¬ 
trum cannot be made arbitrarily small simultaneously. 

Equation (6.29) has sometimes been referred to as the radar uncertainty principle be¬ 
cause of its supposed analogy to the important concept in quantum physics known as the 
Heisenberg uncertainty principle. The physics uncertainty principle states that both the 
position and velocity of an object (such as a subatomic particle) cannot be measured ex¬ 
actly at the same time. 17 Equation (6.29) actually has the opposite interpretation for radar 
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signals, and it is inappropriate to refer to it as a radar uncertainty principle. It follows 
from this equation that there is no theoretical restriction on accuracy with which a radar 
can simultaneously locate the position of a target and determine its velocity. The product 
of the rms time-delay error, Eq. (6.7), and the rms frequency error, Eq. (6.22), is 


ST R Sf = 


1 

/3a(2E/N 0 ) 


[6.30] 


Substituting the inequality of Eq. (6.29) into the above gives 

1 

8T K 8f< - - 

tt(2E/N 0 ) 


[6.31] 


This states that the time delay and the frequency may be simultaneously measured to as 
small a theoretical error as one desires by designing the radar to yield a sufficiently large 
ratio of signal energy ( E ) to noise power per unit bandwidth (N 0 ), or for fixed E/No, to 
select a waveform with a large Pa product. Large /3 a requires waveforms with long time 
duration and wide spectral width. In terms of range accuracy 8R and radial-velocity 
accuracy 8v r: the expression of Eq. (6.31) can be written 


8R8v r < 


cA 

4tt(2E/N 0 ) 


[6.32] 


where A = radar wavelength and c = velocity of propagation. This states that the shorter 
the wavelength, the better will be the accuracy that can be achieved in the simultaneous 
measurement of range and radial velocity. 

There is nothing “uncertain” about the simultaneous radar measurement of range and 
radial velocity. The radar “uncertainly relation” and the physics uncertainty principle that 
describes quantum mechanical effects should not be confused. In quantum mechanics, the 
observer does not have control over the waveform with which the quantum particle is be¬ 
ing observed. The radar engineer, on the other hand, can choose the value of the /3a prod¬ 
uct, the signal energy E, and to some extent the noise density N 0 . Any limits to classical 
radar measurement accuracies are practical ones. 

The use of the Schwartz inequality in deriving Eq. (6.29) shows that the poorest wave¬ 
form for obtaining accurate time-delay and frequency measurements simultaneously is the 
one for which /3a = n (the smallest theoretical value allowed for /3a). This corresponds 
to the gaussian-shaped pulse. The quasi-rectangular pulse has /3a = 1.2277, and the trape¬ 
zoidal pulse with rise time t r = t^/ 2 has Pa = 1.477. Thus there is not much difference in 
the Pa products of simple-shape waveforms. Large values of /3a require internal modu¬ 
lation of the pulse to make the bandwidth much greater than the reciprocal of the pulse 
width. This is what is done in pulse compression waveforms, to be discussed later in this 
chapter (Sec. 6.5). 


Angular Accuracy The expression for the theoretical accuracy with which an antenna 
can measure the angle of arrival follows from the above discussion of accuracy for the 
time-delay measurement. This is possible because of the similarity of the mathematics in 
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the spatial (angle) and spectral (frequency) domains. The one-dimensional electric-fielq 
strength pattern of an antenna in one plane is given in Chap. 9 as 


S(») - [ 


D/2 


A(z) exp j‘277 — sin 0 dz 


[6.33] 


where the antenna is of length D and lies along the z-axis, A(z) is the distribution of the 
current across the aperture (called the aperture illumination ), A = radar wavelength, and 
8 = angle measured from broadside (6 = 0 is the perpendicular to the antenna). This is 
an inverse Fourier transform and resembles the inverse Fourier transform between the time 
waveform s(t) and the spectrum S(f). 



S(f) exp {j2irft) df 


[6.34] 


The antenna pattern g(6) can be related to the time waveform s(f), the aperture illumina¬ 
tion A(x) to S(f), sin 6 to the time t, and the aperture coordinate z/A can be related to the 
frequency / What is learned about signals in the frequency domain often can be applied 
to signals in the spatial domain—and vice versa. Using the above analogies, the rms er¬ 
ror for an angle measurement can be obtained from Eqs. (6.7) and (6.8) as 


1 

88 = - 

y(2E/N 0 ) 


[6.35] 


where the effective aperture width y is defined as 


j (27 tz/A) 2 |A(z)| 2 dz 

y 2 = —- [6.36] 

\A(z)\ 2 dz 

J —co 


The effective aperture width is 27 t times the square root of the normalized second mo¬ 
ment of |A(z)| 2 about the mean value of z. The mean is at z = 0. 

The theoretical angle-measurement error for an antenna with a uniform (rectangular) 
amplitude illumination across the aperture is 

V3A 0.628e B 

88 = —--77 = -777 [6.37] 

rrD{2E/N 0 ) y2 (2E/N 0 ) V2 

where the far-right expression uses the relation that the half-power beamwidth for this 
aperture illumination is 0 B = 0.88A ID. The units of 88 and 0 B are radians. With a cosine 
illumination A(z) = cos (ttz/D) across the aperture of dimension D (where |z| S D/2), 
the effective aperture width y is 1.13/9/A, or 1 31/0 B . A triangular illumination has 
y = 0.99/7/A; and for a parabolic illumination, y = 0.93/9/A. 


Commonality of Measurements The measurements of range, angle, and radial velocity 
are all carried out differently in radar, but they share the concept of locating the maxi¬ 
mum of a time waveform similar to that in Fig. 6.4. This figure might represent the radar 
echo time-waveform and the measurement of time delay (range); or it might represent a 
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6.4 



Range, angle, or radial velocity 


Figure 6.4 Representation of the radar measurement of range, angular location, or radial velocity 
by observing the waveform as a function of time, angle, or frequency. 


scanning antenna pattern and the measurement of angle; or it might be the doppler fre¬ 
quency as observed at the output of a tunable filter that provides the radial velocity. The 
range, angle, or radial velocity is determined when the “signal’ - is a maximum. 


AMBIGUITY DIAGRAM 

It was mentioned in Sec. 5.2 that the output of the matched filter is the cross con-elation 
between (1) the received signal plus noise and (2) the transmitted signal. When the sig- 
nal-to-noise ratio is large (as it must be for detection), the output of the matched filter can 
usually be approximated by the autocorrelation function of the transmitted signal; that is, 
the noise is ignored. This assumes there is no doppler shift so that the received echo sig¬ 
nal has the same frequency as the transmitted signal. In many radar applications, however, 
the target is moving so that its echo signal has a doppler frequency shift. The output of 
the matched filter, therefore, will not be the autocorrelation function of the transmitted 
signal. Instead, it must be considered as the cross correlation between the doppler-shifted 
received signal and the transmitted signal, with noise being ignored since the signal-to- 
noise ratio is assumed to be large. 

The nature of the matched-filter output as a function of both time and doppler fre¬ 
quency is important for understanding the properties of a radar waveform, in particular 
its effect on measurement accuracy, target resolution, ambiguities in range and radial ve¬ 
locity, and the response to clutter. These aspects of the matched-filter output are exam¬ 
ined next. 

When the received echo signal is large compared to noise, the output of the matched 
filter [Eq. (5.17)] may be written as the following cross-correlation function: 

output of the matched filter = j" s r (t)s*(t — Tf) elf [6.38] 
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where s r (l) is the received echo signal, s(t) is the transmitted signal, s*(t) is its complex 
conjugate, and T' R is the estimate of the time delay (considered a variable). Complex no¬ 
tation is assumed, so that the transmitted signal can be written as u{t) exp \j2irf 0 t], where 
u(i) is the complex modulation function whose magnitude \u(t)\ is the envelope of the real 
signal, and/o is the carrier frequency. The received echo signal s r (t) is assumed to be the 
same as that transmitted, except for a doppler frequency shift f d and a delay equal to the 
true time delay T 0 . Therefore, 

s r (t) = u(t - T 0 ) exp [j'27t(/ 0 + f d )(t - T 0 )] [6.39] 

(The change of amplitude due to the factors in the radar equation is ignored here.) With 
the above definitions, the output of the matched filter is 

output = f u(t — T 0 )u*(t — T' R )e j27T< " fa+fd>(, - T ° > e~ k) dt [6.40] 

For simplicity in understanding this equation, we take the origin to be the true time de¬ 
lay and the transmitted frequency; hence, T 0 = 0 and/ 0 = 0. Then T 0 - T' R = —T' R = T R . 
The output of the matched filter is then 

/•GC 

X(T R ,f d ) = u(t)u*(t + T R )e j27Tf ‘i l dt [6.41] 

J —co 

A positive time delay T R indicates a target beyond the true target time delay T 0 , and a 
positive doppler frequency/ 0 indicates an approaching target. 18,19 The squared magnitude 
of Eq. (6.41), \x(T r , f d ) | 2 , is called the ambiguity function. Its three-dimensional plot as a 
function of time delay T R and doppler frequency f d is the ambiguity diagram. 20 

Properties of the Ambiguity Diagram The ambiguity function \x(T R ,fd)\ 2 has the fol¬ 
lowing properties: 


maximum value: \x(T R ,f d )\ ma 2 

= l*(0,0)| 2 

= (2 E) 2 

[6.42] 

symmetry relation: \x(~ T R , - 

-fd) I 2 = \x(T R ,f d )\ 2 

[6.43] 

behavior on T R axis: ^(T^O)! 2 = 

= \ju(t)u*(t 

+ T R )dt\ 2 

[6.44] 

behavior on f d axis: |*(0,/ d )| 2 

= | f u z (t)e J27 V <*| 2 

[6.45] 

volume under surface: \x(T R ,f d )\ z dT R df d 

J J 

= (2 E) 2 

[6.46] 


Equation (6.42) states that the maximum value of the ambiguity function occurs at the 
origin, which is the true location of the target when the doppler shift f d = 0. Its maximum 
value is (2 E) 2 , where E is the energy contained in the echo signal. Equation (6.43) is a 
symmetry relation. Equation (6.44) is the form of the ambiguity function on the time- 
delay axis. It is the square of the autocorrelation function of u(t). Equation (6.45) de¬ 
scribes the behavior on the frequency axis and is the square of the inverse fourier trans¬ 
form of [m( 0]~. The total volume under the ambiguity diagram is given by Eq. (6.46) and 
is a constant, also equal to (2 E) 2 . (All limits in the above equations go from —“to +“.) 
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"Ideal" Ambiguity Diagram If there were no theoretical restrictions, the “ideal” ambi¬ 
guity diagram would consist of a single peak of infinitesimal thickness at the origin and 
be zero everywhere else, as shown in Fig. 6.5. It would be an impulse function and have 
no ambiguities in range or doppler frequency (radial velocity). The infinitesimal (or very 
small) thickness at the origin would permit the time delay and/or frequency to be deter¬ 
mined simultaneously to as high a degree of accuracy as desired. It would also permit the 
resolution of two very closely spaced targets and reject all clutter other than clutter at the 
origin. There would be no ambiguous responses. Such a highly desirable ambiguity dia¬ 
gram, however, is not theoretically allowed. It cannot be obtained because Eq. (6.42) re¬ 
quires that the maximum of the ambiguity diagram be equal to (2 E) 2 and the volume un¬ 
der its surface as given by Eq. (6.46) also must be equal to (2 E) 2 . 

The restrictions on the ambiguity diagram may be considered by imagining a box of 
sand. 21 The total amount of sand in the box is fixed, just as the volume under the ambi¬ 
guity diagram is fixed at (2 E) 2 by the signal energy E. The sand may be piled up in the 
center of the box (the origin of the ambiguity diagram), but its height can be no greater 
than (IE) 2 . If one tries to pile sand at the center of the box in a very narrow pile (to ob¬ 
tain good accuracy and resolution), the sand that remains must be redistributed elsewhere 
in the box. Sand might then pile up in other parts of the box, which means ambiguities 
in range and/or doppler can result. Thus the nature of the ambiguity diagram indicates 
there have to be trade-offs made among the resolution, accuracy, and ambiguity. 

An approximation to what might seem to be a good ambiguity diagram is shown in 
Fig. 6.6. The waveform does not result in ambiguities since there is but a single peak. In 
general, when a single peak is obtained, such as shown here, it might be so wide along 
the time-delay axis and the doppler-frequency axis that it might have poor accuracy and 
resolution. It appears that, in practice, waveforms generally have significant response 
somewhere in the ambiguity diagram outside the narrow region in the near vicinity of the 
origin. Practical waveforms do not approximate the ideal ambiguity diagram or even its 
more realistic version of Fig. 6.6. 


Figure 6.5 Ideal, but 
unattainable, ambiguity 
diagram. 
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Figure 6.6 An 

approximation to the 
ideal ambiguity 
function with the 
restriction that the value 
at the origin is constant 
at (2£) 2 and the 
volume under the 
surface of \x(TR,fdj\ 2 
also is given by (2£) 2 . 


T = signal duration 
B = signal bandwidth 


Single Pulse of Sinewave and the Ridge Ambiguity Diagram A computer-generated 3-D 
plot of x\Tr, fd\ for a single rectangular pulse of width r is shown in Fig. 6.7, due to 
A. W. Rihaczek and R. L. Mitchell. (Note that it is the magnitude of the square root of 
ambiguity function that is plotted here.) The triangular shape of the output of the matched 
filter on the time axis (f d = 0) can be seen as well as the (sin x)lx shape on the frequency 
axis. 

The essence of the information found from an ambiguity diagram can usually be ob¬ 
tained from simpler two-dimensional plots, as in Fig. 6.8 for (a) a long pulse of width t 
and (b) for a short pulse. Shading is used to indicate the regions where \x(T R , f d )\ 2 is 


Figure 6.7 Plot of 
I x[Tr, fd) I for a simple 
rectangular pulse of 
vvidth r. 

(Due to A. W. Rihaczek 
and R. L. Mitchell 22 ) 
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large (completely darkened area), where it is small (lightly shaded area), and regions of 
zero response (no shading). The plot for a single pulse shows most of the response as a 
completely shaded elliptically shaped region in which \x\ 2 is large. No response occurs 
outside the time ± r. The time-delay measurement error is proportional to t and the fre¬ 
quency measurement error is proportional to 1/r. The plot of Fig. 6.8a shows the good 
frequency measurement accuracy and the poor time-delay accuracy of a long pulse. Fig¬ 
ure 6.8b shows the opposite occurs for a short pulse. The ambiguity diagram indicates 
that as the range accuracy of a simple pulse waveform is improved, the frequency accu¬ 
racy worsens and vice versa. (This follows from the box of sand analogy mentioned pre¬ 
viously.) The short pulse is doppler tolerant in that a single matched filter will produce a 
good output if there is a significant doppler shift. That is, the output from a filter matched 
to a zero doppler shift will not change much when there is a doppler shift. On the other 
hand, a long pulse will produce greatly reduced output for a doppler-frequency shift; so 
it is not tolerant to changes in doppler. This is the reason why in an MTI radar a bank of 
doppler filters sometimes is used to cover the expected range of doppler frequencies. The 
ambiguity diagram of the single pulse is known as a ridge or knife edge. 

Single Linear Frequency-Modulated (FM) Pulse Another example of a ridge or knife edge 
ambiguity diagram is that produced by linearly frequency modulating a rectangular pulse 
over a bandwidth B, as shown by the 2-D plot of Fig. 6.9. The pulse width T is large com¬ 
pared to 1 IB. The frequency modulation increases the spectral bandwidth of the pulse so 
that BT >> 1. The ridge is at an angle determined by the slope BIT. The time-delay mea¬ 
surement accuracy is proportional to MR and the frequency (if it can be measured) has an 
accuracy proportional to 1 IT. Since the pulse width T and the bandwidth B can be chosen 
independent of one another, the time-delay and frequency accuracies are independent of 
the other. This is unlike the time-delay and frequency accuracies of the simple, unmodu¬ 
lated rectangular pulse. 

Periodic Pulse Train Consider, as shown in Fig. 6.10a, a series of live pulses, each of 
width t, pulse repetition period T p , and total duration T d . The 2-D representation of its 
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Figure 6.9 Two- 
dimensional 
representation of the 
ambiguity diagram for a 
single linear frequency- 
modulated pulse of width 
T and bandwidth 6. 



Figure 6.10 (a) Video 

pulse train of five pulses; 
(b) two-dimensional 
representation of the 
ambiguity diagram 
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ambiguity diagram is shown in Fig. 6.10b. This type of ambiguity function is called a bed 
of spikes. Throughout this ambiguity diagram there are many possible ambiguities in range 
and doppler (blind speeds) such as were encountered before in this text. Ambiguities are 
a consequence of discontinuous waveforms, which is why they do not appear with a sin¬ 
gle pulse. It might seem at first glance that the many ambiguities produced by a pulse 
train result in it being a poor radar waveform. As seen in Chap. 3, a pulse train is widely 
used in pulse doppler and MTI radars, and it is often possible to adequately unravel, avoid, 
or (sometimes) ignore the ambiguities. 

Examine the center (the origin) of the ambiguity diagram shown in Fig. 6.10b. The 
spike at the origin is of dimension r on the time axis and 1 !T d on the frequency axis. The 
time-delay measurement accuracy (determined by the pulse width) and the frequency ac¬ 
curacy (determined by the duration of the signal) can be selected independently. If the 
pulse repetition period T p is such that no radar echoes are expected with a time delay 
greater than T p and no doppler-frequency shifts are expected greater than \/T p , then the 
effective ambiguity diagram reduces to just a single spike at the origin whose dimensions 
are determined by r and T d . The pulse train, therefore, can be a good radar waveform. 
Ambiguities that occur can be resolved with different pulse repetition frequencies (Secs. 
2.10 and 3.9). The fact that many radars employ this type of waveform attests to its use¬ 
fulness far better than any analysis based on its ambiguity diagram. 

Although this discussion applies to a pulse train, the signal processing employed with 
such waveforms is almost always different from that assumed for Fig. 6.10. The ambigu¬ 
ity function of a pulse train is the output of a matched filter designed for the entire pulse 
train. This is why the ambiguity diagram of Fig. 6.10 for five pulses has an output (in 
time) consisting of nine pulses of different amplitudes when the input is five equal am¬ 
plitude pulses (the autocorrelation function of five pulses). Pulse radars, however, are not 
usually designed with a matched filter for N pulses. Instead, a pulse radar usually uses a 
filter matched to a single pulse and then integrates the N pulses. 

Noiselike Waveforms and the Thumbtack Ambiguity Diagram A noise waveform has an 
ambiguity function, called a thumbtack, similar to that of Fig. 6.11. Pure noise waveforms 
are seldom employed in radar; but constant-amplitude noiselike waveforms have been used 
to produce a thumbtack ambiguity diagram. Examples include nonmonotonic frequency 
modulation and pseudorandom variations of phase or frequency. These are discussed later 
in this chapter under the topic of pulse compression. 

The thumbtack has the advantage that the time-delay and frequency measurement ac¬ 
curacies are independently determined, respectively, by the bandwidth of the modulation 
and the duration of the pulse. There are no apparent ambiguities and it resembles the ap¬ 
proximation of the ideal ambiguity function of Fig. 6.6, except for the plateau on which 
the main response rests. This plateau extends over a dimension 2 T along the time axis and 
2 B along the frequency axis. When the product BT is large, the volume under the peak 
response is small compared to the total volume, and almost all of the volume is in the 
plateau. Consequently, the average height of the plateau is approximately E 2 /BT for large 
BT (based on Eq. 6.46). 

The thumbtack ambiguity diagram, as illustrated in the sketch of Fig. 6.11, appears 
attractive; but it is an overly simplified sketch that can be misleading when practical 
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Figure 6.11 Ideal 
representation of the 
thumbtack ambiguity 
diagram as might be 
produced by a 
noiselike waveform or 
a pseudorandom 
coded pulse waveform 
(details of the sidelobe 
structure are not 
shown.) 
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waveforms are examined. The plateau is not uniform as shown. Most of the volume un¬ 
der the ambiguity function is confined to the intervals |7^| < 772 and \f d \ < /i/2. 23 Fur¬ 
thermore, when there is a doppler-frequency shift, the sidelobes can be relatively high and 
can cause false responses. There are some waveforms, as will be mentioned later, that can 
produce low sidelobes when f d = 0; but such waveforms should be looked at with cau¬ 
tion when good doppler filtering is required without false responses, as for the detection 
of moving targets. 

Waveform Design and the Ambiguity Diagram The waveform transmitted by a radar can 
affect (1) target detection, (2) measurement accuracy, (3) resolution, (4) ambiguities, and 
(5) clutter rejection. The ambiguity diagram may be used to assess qualitatively how well 
a particular waveform achieves these capabilities. Each of the above five capabilities will 
be briefly discussed. 

Detection It was said in Sec. 5.2 that if the receiver is designed as a matched filter, the 
output peak-signal-to-mean-noise ratio (which is related to the ability to detect a target) 
depends only on the ratio of the received signal energy E and the receiver noise power 
per unit bandwidth N 0 . The requirements for detection do not place any demands on the 
shape of the transmitted waveform except that (1) the waveform be practical to generate 
and radiate, and (2) the matched filter required for the waveform be practical to achieve. 
The ambiguity diagram, therefore, is seldom used to assess the detection capability of a 
particular waveform, except to note if the signal contains sufficient energy. 

Accuracy The accuracy with which the range and radial velocity can be measured is 
indicated by the main response at the origin. The width along the time axis determines 
the range (time delay) accuracy, and the width along the frequency axis determines the 
radial-velocity accuracy. 
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Resolution The width of the central response also determines the resolution ability of 
a radar waveform in range and radial velocity. In order to resolve closely spaced targets, 
the central response must be isolated. There cannot be extraneous peaks near the main re¬ 
sponse that would mask the echo from a nearby target. 

Ambiguity Ambiguities occur in radar measurements when the waveform is not con¬ 
tinuous. For example, a pulse train is not continuous; hence, such a waveform can pro¬ 
duce ambiguities in range (time delay) and in velocity (frequency). An ambiguous mea¬ 
surement is one in which there is more than one choice available, but only one is correct. 
Ambiguities appeal' in the ambiguity diagram as additional high responses similar in mag¬ 
nitude to the peak response at the origin. The correct response from the target cannot be 
readily recognized from these additional responses without taking some action to resolve 
the correct from the incorrect values. 

The name ambiguity function for \)((T R , f d ) | 2 can be misleading since this function 
describes more about the character of a waveform than just the ambiguities it produces. 
Woodward 24 coined the name for an entirely different reason than the ambiguities asso¬ 
ciated with discontinuous waveforms. The reader is advised not to be distracted by 
trying to understand the ambiguous use of the term “ambiguity” as the name for the 
function \x(J R ,f d )\ 2 . 

Clutter Attenuation Resolution in range and velocity can enhance the target signal echo 
relative to nearby distributed clutter echoes. The ambiguity diagram can indicate the abil¬ 
ity of a waveform to reject clutter by superimposing the locations of the clutter echoes 
(as stored in a clutter map ) on the T R ,f d plane of the ambiguity diagram. If the radar is to 
have good clutter rejection, the ambiguity diagram should have little or no response in re¬ 
gions of high clutter echoes. The short-pulse waveform, for example, will reduce station¬ 
ary clutter that is extensive in range since the ambiguity function for this waveform has 
little response on the time (range) axis. 

Waveform Synthesis It is reasonable to ask if radar waveforms can be obtained by first 
defining a desired ambiguity diagram and then synthesizing the signal that yields this am¬ 
biguity diagram. Synthesis has not proven successful in the past. Instead, it is more usual 
to compute the ambiguity diagrams of various waveforms and determine which of them 
have suitable properties for the intended application. 


PULSE COMPRESSION 

High range-resolution, as might be obtained with a short pulse, is important for many 
radar applications, as indicated by the list of capabilities in Table 6.2. There can be lim¬ 
itations, however, to the use of a short pulse. Since the spectral bandwidth of a pulse is 
inversely proportional to its width, the bandwidth of a short pulse is large. Large band¬ 
width can increase system complexity, make greater demands on the signal processing, 
and increase the likelihood of interference to and from other users of the electromagnetic 
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Table 6.2 Capabilities of short-pulse, high range-resolution radar 

Range resolution. Usually easier to separate (resolve) multiple targets in range than in angle. 

Range accuracy. A radar capable of good range resolution is also capable of good range accuracy. 

Clutter reduction. Increased target-to-clutter ratio is obtained by reducing the amount of distributed clutter 
with which the target echo signal must compete. 

Interclutter visibility. With some types of “patchy” land and sea clutter, a high-resolution radar can detect 
moving targets in the clear areas between the clutter patches. 

Glint reduction. Angle and range tracking errors introduced by a complex target with multiple scatterers are 
reduced when high range-resolution is employed to isolate (resolve) the individual scatterers that make up 
the target. 

Multipath resolution. Range resolution permits the separation of the desired target echo from the echoes that 
arrive at the radar via scattering from longer propagation paths, or multipath. 

Multipath height-finding. When multipath due to scattering of radar energy from the earth’s surface can be 
separated from the direct-path signal by high range-resolution, target height can be determined without a 
direct measurement of elevation angle. 

Target classification. The range, or radial, profile of a target in some cases can provide a measure of target 
size in the radial dimension. From the range profile one might be able to sort one type of target from 
another based on size or distinctive profile, especially if the cross-range profile is also available. 

Doppler tolerance. With a short-pulse waveform, the doppler-frequency shift from a moving target will be 
small compared to the receiver bandwidth; hence, only a single matched filter is needed for detection, rather 
than a bank of matched filters each tuned for a different doppler shift. 

ECCM. A short-pulse radar can negate the effects of certain electronic countermeasures such as range-gate 
stealers, repeater jammers, and decoys. The wide bandwidth of the short-pulse radar can, in principle, 
provide some reduction in the effects of broadband noise jamming and reduce the effectiveness of some 
electronic warfare receivers and their associated signal processing. 

Minimum range. A short pulse allows the radar to operate with a short minimum range. It also allows 
reduction of blind zones (eclipsing) in high-prf radars. 


spectrum. Another limitation is that in some high-resolution radars the limited number of 
resolution cells available with conventional displays might result in overlap of nearby 
echoes when displayed, which results in a collapsing loss (Sec. 2.12) if the detection de¬ 
cision is made by an operator. Wide bandwidth can also mean less dynamic range in the 
receiver because receiver noise power is proportional to bandwidth. Also, a short-pulse 
waveform provides less accurate radial velocity measurement than if obtained from the 
doppler-frequency shift. It spite of such limitations, the short-pulse waveform is used be¬ 
cause of the important capabilities it provides. 

A serious limitation to achieving long ranges with short-duration pulses is that a high 
peak power is required for a large pulse energy. The transmission line of a high peak 
power radar can be subject to voltage breakdown (arc discharge), especially at the higher 
frequencies where waveguide dimensions are small. If the peak power is limited by break¬ 
down, the pulse might not have sufficient energy. Consider, for example, a more or less 
conventional radar with a pulse width of one microsecond and one megawatt peak power, 
as might be found in a medium-range air-surveillance radar. In this example, the energy 
contained in a single pulse is one joule. (The energy per pulse and the number of pulses 



-_____ 



6.5 Pulse Compression 341 

integrated determine the detectability of a target.) A one microsecond pulse has a range 
resolution of 150 m. If it were desired to have a resolution of 15 cm (one-half foot), the 
pulse width would have to be reduced to one nanosecond and the peak power increased 
to one gigawatt (10 9 W) in order to maintain the same pulse energy of one joule. This is 
an unusually large peak power that cannot be propagated without breakdown in the usual 
types of transmission lines employed at microwave radar frequencies. 

A short pulse has a wide spectral bandwidth. A long pulse can have the same spec¬ 
tral bandwidth as a short pulse if the long pulse is modulated in frequency or phase. (Am¬ 
plitude modulation can also increase the bandwidth of a long pulse, but is seldom used 
in radar because it can result in lower transmitter efficiency.) The modulated long pulse 
with its increased bandwidth B is compressed by the matched filter of the receiver to a 
width equal to MB. This process is called pulse compression. It can be described as the 
use of a long pulse of width T to obtain the resolution of a short pulse by modulating the 
long pulse to achieve a bandwidth B » MT, and processing the modulated long pulse 
in a matched filter to obtain a pulse width r = MB. Pulse compression allows a radar to 
simultaneously achieve the energy of a long pulse and the resolution of a short pulse with¬ 
out the high peak power required of a high-energy short-duration pulse. It is used in high- 
power radar applications that are limited by voltage breakdown if a short pulse were to 
be used. Airborne radars might experience breakdown with lower voltages than ground- 
based radars, and might be candidates for pulse compression. It is almost always used in 
high-power radars with solid-state transmitters since solid-state devices, unlike vacuum 
tubes, have to operate with high duty cycles, low peak power, and pulse widths much 
longer than normal. Pulse compression is also found in SAR and ISAR imaging systems 
to obtain range resolution comparable to the cross-range resolution. 

The pulse compression ratio is defined as the ratio of the long pulse width T to the 
compressed pulse width r, or 77 t. The bandwidth B and the compressed pulse width t are 
related as B = 1/t. This would make the pulse compression ratio approximately BT. If 
amplitude weighting of the received waveform (but not the transmitted waveform) is used 
to reduce the time sidelobes of the linear-FM waveform (as will be discussed later in this 
section), the pulse compression ratio defined as BT usually is a little larger than T/t. It is 
better, therefore, to define the pulse compression ratio by T/t (the ratio of the before and 
after pulse widths) rather than the bandwidth-time product BT when weighting on receive 
is used. (In spite of this caution, the pulse compression ratio is often given as BT in this 
text as well as in other radar literature. The reader should be aware of which value is used, 
especially with linear-FM waveforms.) The pulse compression ratio in practical radar sys¬ 
tems might be as small as 10 (although 13 is a more typical lower value) or greater than 
10 5 . Values from 100 to 300 might be considered typical. 

There are two ways to describe the operation of a pulse compression radar. One is 
based on the ambiguity function of Sec. 6.4. A long pulse is modulated to increase its 
bandwidth. On reception the modulated long-pulse echo signal is passed through the 
matched filter. Its resolution in range can be found from examination of the ambiguity di¬ 
agram. The constant-amplitude linear-FM pulse, whose ambiguity diagram was shown in 
Fig. 6.9, is an example of a widely used pulse compression waveform. Its ambiguity di¬ 
agram shows that the long pulse of width T provides a compressed pulse width equal 
to MB. 
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The other method for describing pulse compression is based on how linear-FM pu] se 
compression was presented in the original patent of R. H. Dicke, 25 before the concept of 
the ambiguity function was known. The modulation applied to a long pulse can be con¬ 
sidered as providing distinctive “marks” in either the frequency or the phase along the 
various portions of the pulse. For instance, the changing frequency of a linearly frequency- 
modulated pulse is distributed along the pulse so that each small segment of the pulse 
corresponds to a different frequency. By passing the modulated pulse through a disper¬ 
sive delay line whose delay time is a function of frequency, each part of the pulse expe¬ 
riences a different delay, so that it is possible for the trailing edge of the pulse to be 
speeded up in a dispersive* delay line and the leading edge slowed down so that they 
“come together” to effect a compression of the long pulse. 

There have been two general classes of pulse-compression waveforms used in the 
past. The most popular has been the linear FM (also known as chirp) to be discussed next. 
Binary phase-cocled pulses is the other type. Also to be mentioned here are polyphase 
codes whose phase quantizations are less than it radians; Costas codes in which the fre¬ 
quencies of the subpulses are changed in a prescribed fashion; nonlinear FM, nonlinear 
binary phase-coding-, complimentary codes that in principle produce zero time-sidelobes; 
and codes with very low or no sidelobes that require amplitude modulation of the sub¬ 
pulses on transmit. No one type of pulse-compression waveform can do everything that 
might be required; but linear FM probably has been the most widely used. 

Linear Frequency Modulation (LFM) Pulse Compression The basic concept of the linear 
frequency-modulated pulsed compression radar was described by R. H. Dicke in a patent 
filed in 1945 and issued in 1953. 25 Figure 6.12, which is derived from Dicke’s patent, is 
a block diagram of such a radar. It is similar to the block diagram of a conventional radar 
except that the transmitter is shown here as being frequency modulated and the receiver 
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Figure 6.12 Block diagram of an FM pulse compression radar. 


i * "Dispersive" in this case means that the velocity of propagation is a function of frequency. 
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contains a pulse-compression filter (which is identical to a matched filter). More usually, 
however, the FM waveform is generated at low power and amplified by a power amplifier 
rather than by frequency modulating a power oscillator as indicated in this figure. The trans¬ 
mitted waveform (Fig. 6.13a) consists of a rectangular pulse of constant amplitude A and 
duration T. The frequency increases linearly from /', to f 2 over the duration of the pulse 
(Fig. 6.13b). This is sometimes known as an up-chirp. Alternatively, the frequency could 
just as well decrease with time, and it is then called down-chirp. The time waveform is 
represented in Fig. 6.13c. On reception, the frequency-modulated signal is passed through 
the pulse-compression filter, which is a delay line whose velocity of propagation is pro¬ 
portional to frequency. It speeds up the higher frequencies at the trailing edge of the pulse 
relative to the lower frequencies at the leading edge so as to compress the signal to a width 
1/S, where B =f 2 — f\ (Fig. 6.13d). The pulse compression filter is a matched filter; hence, 
its output envelope (neglecting noise) is the autocorrelation function of the input. In this 
case, the output is proportional to (sin ttS/j/ttSl 26 ’ 27 The peak power of the pulse is in¬ 
creased by the pulse compression ratio BT ~ 77r after passage through the filter. 

The ambiguity diagram for a linear-FM pulse-compression waveform (Fig. 6.9) shows 
that a large doppler shift in the echo signal can result in the indicated range not being the 
true range. This is known as range-doppler coupling. In many cases, the range error due 
to the doppler shift is small and can be tolerated. If the range error is large, the effect of 
the doppler can be removed by averaging the two range indications obtained with both a 
rising FM (up-chiip) and a falling FM (down-chirp) similar to the manner in which the 
range error due to doppler is eliminated in an FM-CW radar with triangular modulation. 28 

Reduction of Time (Range) Sidelobes The (sin TrBifrrBt envelope out of a matched fil¬ 
ter when the input is a linear-FM sinewave has relatively high peak time-sidelobes of 
— 13.2 dB adjacent to the main response. This is usually not acceptable since high side- 
lobes can be mistaken for targets or can mask nearby weaker targets. The time sidelobes 
can be reduced by transmitting a pulse with nonuniform amplitude; that is, by amplitude 
weighting the long pulse over its duration T. (This is similar to tapering the aperture il¬ 
lumination of an antenna. Sec. 9.3, or windowing to reduce the spectral sidelobes of a dig¬ 
ital filter.) Unfortunately, it is often not practical in high-power radar to have a transmit¬ 
ted waveform whose amplitude varies over the pulse duration. High-power transmitters 
such as klystrons, traveling wave tubes, and crossed-field devices should be operated sat¬ 
urated to obtain maximum efficiency. They don’t like to be operated with amplitude mod¬ 
ulation and they should be either full-on or full-off. Solid-state transmitters can have a 
linear input-output relation and be amplitude modulated if operated Class-A; but they are 
almost always operated Class-C because of the much higher efficiency of Class-C. 29 It is 
seldom that high-power microwave radar transmitters are operated with a deliberate change 
in amplitude over the pulse duration. 

As a compromise, the time sidelobes with a linear-FM pulse-compression signal usu¬ 
ally are reduced by applying amplitude weighting on receive (to the dispersive delay-line 
pulse compression filter) and not on transmit. Since the pulse compression filter is the 
matched filter, applying the weighting only on receive results in a mismatched filter and 
a loss in signal-to-noise ratio. 30 This is the price paid to reduce the time sidelobes. Table 
6.3 gives examples of weightings, the peak sidelobe that results, and other properties of 
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Table 6.3 Properties of weighting functions to reduce time sidelobes 


Weighting Function 

Peak sidelobe 

dB 

Loss 

dB 

Mainbeam width 
(relative) 

Uniform 

-13.2 

0 

1.0 

0.33 + 0.66 cos 2 (irf/B) 

-25.7 

0.55 

1.23 

cos 2 (jrf/B) 

-31.7 

1.76 

1.65 

0.16 + 0.84 cos 2 (irf/B) 

-34.0 

1.0 

1.4 

Taylor (n = 6) 

-40.0 

1.2 

1.4 

0.08 + 0.92 cos 2 (irf/B) 

-42.8 

1.34 

1.5 

(Hamming) 





the output waveform. The mismatched-filter loss can generally be kept to about 1 dB when 
the peak sidelobe level is reduced to 30 dB below the peak response. It is a loss that is 
tolerated in order to achieve lower time-sidelobe levels. 

It is possible to have no theoretical loss in signal-to-noise ratio and still achieve low 
time-sidelobes with a uniform-amplitude transmitted waveform if a nonlinear frequency- 
modulated waveform is used, as discussed later in this section. 

Stretch 31 ' 32 This is a variant of linear-FM pulse compression in which narrow band¬ 
width processing can be employed if the extent of the range interval where high-range 
resolution occurs can be reduced. Stretch starts with a linear-FM waveform that is of much 
smaller bandwidth B 1 than required for the desired resolution. Before being transmitted, 
it is heterodyned (mixed) with a wideband linear FM of bandwidth B 2 to produce a sig¬ 
nal with the desired bandwidth B x + B 2 , which is radiated. On receive, the signal of band¬ 
width B x + B 2 is heterodyned again with the linear-FM sweep of wide bandwidth B 7 . The 
difference signal has the narrow bandwidth B x and is processed as a normal (narrowband) 
pulse-compression signal. The heterodyne operation on receive results in a time expan¬ 
sion by a factor a = (B x + B 2 )/B l (time expansion means smaller bandwidth). The range 
resolution of a signal, however, corresponds to a signal with bandwidth B x + B 2 = B. The 
processing of the linear-FM signal and its generation are both done with narrow band¬ 
width circuitry of bandwidth B t = Bla. The reduced bandwidth in waveform generation 
and processing is the advantage of Stretch. 

Because of the “stretching” of the waveform during processing, the range interval 
over which high resolution is obtained is 1/a that which would normally be obtained by 
a conventional linear-FM radar of bandwidth B. One trades processing bandwidth for the 
size of the high-resolution range interval. This capability might not be appropriate for a 
surveillance radar that has to look everywhere in range, but it is well suited to a tracking 
radar or a high range-resolution radar used for target classification. 

The Stretch waveform was used in the Cobra Dane (AN/FPS-108), a large L-band 
phased array radar located in the Aleutian Islands of Alaska. 33 Its purpose was to gather 
information about Soviet/Russian intercontinental ballistic missiles (ICBM). It also has 
been used for space surveillance and ICBM warning. It performs high range-resolution 
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observation of ICBM reentry vehicles at ranges of about 1000 nmi. For this purpose it 
uses a 1000 /as duration linear-FM wideband waveform with 200 MHz bandwidth ex¬ 
tending from 1175 to 1375 MHz. Its time-bandwidth product is 200,000, a relatively large 
value. Stretch processing examines a preselected range interval 250 ft in extent. The in¬ 
herent range resolution is 2.5 ft, but the actual resolution is degraded to 3.75 ft since Tay¬ 
lor amplitude-weighting is employed on receive to reduce its time sidelobes to —30 dB 

Linear FM Pulse-Compression Filters In the first edition of the Radar Handbook, which 
appeared in 1970, the chapter on pulse compression 34 listed nine different devices that might 
be used as the pulse compression filter for linear FM. Since that time, the practice has nar¬ 
rowed to mainly two choices: the surface acoustic wave (SAW) dispersive delay line and 
digital processing. The 1970 edition briefly discussed the SAW device (then called a sur¬ 
face-wave dispersive delay line ) but it didn’t mention digital processing for pulse compres¬ 
sion. Digital processing is usually preferred when the A/D converter can provide the very 
wide bandwidths required of high-resolution pulse-compression radar. The SAW device has 
been the method of choice, however, when large-bandwidth signal processing cannot be ob¬ 
tained digitally. Digital methods are therefore used when they are applicable and the ana¬ 
log SAW delay line is used for very high resolution when digital methods cannot compete. 

There are two general technical areas of application for pulse compression. One is 
when the compressed pulse is very small, perhaps of the order of a nanosecond, but the 
original uncompressed pulse is of conventional width, perhaps a microsecond. High res¬ 
olution might be of interest for synthetic-aperture imaging radars (SAR), radars designed 
to detect a person swimming in the water, or for radars required to recognize one class 
of ship from another based on inverse synthetic aperture radar. SAW devices have been 
appropriate as the pulse compression filter for such applications. The other area is when 
one starts with a long pulse, say a few hundred microseconds, and compresses it to a con¬ 
ventional width, for example, of the order of a microsecond. Digital processing can be 
used in such situations. An important example is when a solid-state transmitter is used 
that requires long pulses for efficient operation. 

SAW Devices 35-37 The concept of a surface acoustic wave delay line is shown schemat¬ 
ically in Fig. 6.14. It consists of a very smooth piezoelectric substrate, such as a thin slice 
of quartz, lithium niobate, or lithium tantalate. The function of the piezoelectric substrate 
is to support propagation of acoustical waves along the surface. The low velocity of 
acoustic waves (approximately 3500 m/s) compared to electromagnetic waves means that 
significant delay times can be achieved with a relatively small device. The input/output 
devices arranged on the surface are known as interdigital transducers (IDT). They are 
metallic thin films, usually aluminum, that are deposited on the substrate using pho¬ 
tolithographic methods. The transducers are the means by which electrical signals are con¬ 
verted to acoustical signals, and vice versa. They determine the impulse response of the 
SAW delay line and the length of the IDT determines the duration of the signal. Since the 
IDT can launch waves in both the forward and back directions, the acoustic energy prop¬ 
agating in the opposite direction has to be attenuated so that it is not reflected and cause 
interference. One method for attenuating the unwanted signal is to use acoustic absorbers 
located at each end of the device, as indicated in Fig. 6.14. 
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Thermal compression Interdigital Reflectionless 
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Figure 6.14 Schematic of a simple surface acoustic wave (SAW) delay line. 

I (From T. W. Bristol: Surface Acoustic Wave Devices—Technology and Applications, IEEE 1976 WESCON, paper 
I 245/1. Courtesy IEEE.) 


Efficient electric-to-acoustic coupling occurs when the comb fingers, or electrodes, 
of the IDT are spaced one-half wavelength of the acoustic signal that propagates along 
the substrate material. The frequency response of the delay line depends, therefore, on the 
spacings between the electrodes. A dispersive delay line whose delay is a function of fre¬ 
quency can be obtained with varying electrode spacing as illustrated in Fig. 6.15a or b. 
The SAW delay-line configuration in 6.15a is called an in-line single dispersive chirp fil¬ 
ter. The received linear-FM signal sketched below the delay line is applied to the broad¬ 
band IDT on the left. The output from the dispersive IDT structure on the right is the 
compressed pulse. (Either IDT can be used as the input or output since the SAW delay 
line is reciprocal.) 

The in-line double dispersive chirp filter of Fig. 6.15b is capable of larger BT prod¬ 
ucts (50 to 1000) than the single configuration of 6.15a. 35 The slanted-array compressor 
(SAC) sketched in Fig. 6.15c also is capable of large pulse compression ratios. An ad¬ 
vantage the inclined IDTs have over the in-line configurations is that they avoid the dis¬ 
tortion that occurs when the low-frequency components have to propagate under the high- 
frequency electrodes, and vice versa. Another advantage of the SAC configuration is that 
corrections in the phase characteristic of the device can be made by inserting a “phase 
plate” between the input and output IDTs. An .example of a SAC linear-FM filter described 
by Cambell >7 (but attributed to S. Jen and C. F. Shaffer) operated at a center frequency 
of 1.4 GHz with a bandwidth of 1.1 GHz. This is a relative bandwidth of almost 80 per¬ 
cent, and can be called ultrawideband. The uncompressed pulse width was 0.44 /as, the 
compressed pulse was about 0.9 ns, and the bandwidth-time product was 484. Amplitude 
weighting was used to reduce the time sidelobes to 26.8 dB below the peak. 

The reflective-array compressor (RAC) shown schematically in Fig. 6.15d is another 
form of SAW device. It is capable of larger pulse compression ratios (500 to 10,000) than 
other configurations. Shallow grooves are etched in the delay path that result in reflec¬ 
tions to form a delay that depends on frequency. The structure is less sensitive to fabri¬ 
cation tolerances than conventional transducers. Compensation for phase errors can also 
be inserted between the oblique-angle grooves, as can attenuation for weighting the 
amplitude. 
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Figure 6.15 

Configurations of 
interdigital transducers 
for linear-FM pulse- 
compression dispersive 
delay lines, (a) In-line 
single dispersive SAW 
delay line; (b) in-line 
double dispersive SAW 
delay line with 
dispersion in both 
transducers; (c) slanted- 
array compressor 
(SAC); and (d) 
reflective-array 
compressor (RAC). 

(Figs, (a), (b), and (d) 
are from Maines and 
Paige, 36 courtesy of 
Proc. IEEE.) 


(c) 



Id) 


In summary, linear-FM SAW devices might have pulse compression ratios (RT) 
greater than 10,000, uncompressed pulse durations up to 150 /xs, bandwidths greater than 
1 GHz, insertion loss from 20 to 60 dB, and operate at center frequencies from 100 MHz 
to 1.5 GHz. They are usually found in the IF portion of the radar receiver. SAW devices 
provide wide bandwidth pulse-compression filters in small size packages. They are read¬ 
ily reproducible, easy to manufacture in large quantities, and of relatively low unit cost. 

A device related to SAW devices is the IMCON, which is a reflection-mode delay 
line configured similar to the RAC SAW device, but fabricated on steel acoustic media. 
IMCONs are more suited for narrow bandwidths and low center frequencies (below 30 
MHz) and when uncompressed pulse durations greater than 50 /xs are desired. Bandwidths 
are from 0.5 to 12 MHz. Pulse durations of 600 /xs are possible and units can be cascaded 
to obtain longer pulse durations. 38 For example, a pulse duration of 10 ms was obtained 
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by cascading 18 IMCONs with amplifiers. It operated at a center frequency of 7.5 MHz 
and bandwidth 2.5 MHz. The pulse compression ratio was 25,000 and its dimensions were 
15 by 15 by 12 inches. 39 

Amplitude Weighting Amplitude shaping of the frequency response of a SAW filter can 
be obtained by the amount of overlap of the electrodes of the IDT, as in Fig. 6.16. This 
is sometimes called apodization. 

Digital Processing for Frequency-Modulated Pulse Compression The linear-FM pulse- 
compression waveform, as well as most other pulse compression waveforms, can be 
processed and generated at low power levels by digital methods when A/D converters are 
available with the required bandwidth and number of bits. 40 ' 41 Digital methods are very 
stable and can handle long-duration waveforms. The same basic digital system imple¬ 
mentation can be used when one wishes to employ multiple bandwidths and pulse dura¬ 
tions, different types of pulse compression modulations, good phase repeatability, low 
time-sidelobes, or when flexibility is desired in waveform selection. 

Generation of the Pulse-Compression Waveform The analog and digital methods used 
to obtain the linear-FM pulse-compression filter can also be applied to generate the trans¬ 
mitted waveform. The waveforms may be generated passively or actively. An example of 
the former is the SAW device; an example of the latter is a voltage-controlled oscillator. 
Other examples of each can be found in Ref. 40. 

Single Transmit-Receive Filter It will be recalled (Sec. 5.2) that the impulse response 
of a matched filter is the time inverse of the signal for which it is matched. If an up-chiip 
linear-FM is transmitted, the impulse response of its matched filter will be a down-chirp. 
To employ the same filter for both transmit and receive, the local oscillator frequency of 
the radar superheterodyne receiver should be greater than the frequency of the received 
signal. When the difference signal is taken from the mixing operation, the linear-FM wave¬ 
form will be inverted; that is, an up-chirp becomes a down-chirp, which is the signal re¬ 
quired for the matched filter when a transmitted up-chirp is generated using the same 
matched filter. 

Binary Phase-Coded Pulse Compression Changes in phase can also be used to increase 
the signal bandwidth of a long pulse for purposes of pulse compression. A long pulse of 



Figure 6.16 Interdigital transducer (nondispersive) showing overlap of the comb fingers to provide 
an amplitude weighting along the pulse. 
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duration T is divided into N subpulses each of width r. An increase in bandwidth is achieved 
by changing the phase of each subpulse (since the rate of change of phase with time i s 
frequency). A common form of phase change is binary phase coding, in which the phase 
of each subpulse is selected to be either 0 or tt radians according to some specified cri 
terion. If the selections of the 0,77 phases are made at random, the waveform approximates 
a noise-modulated signal and has a thumbtack-like ambiguity function as in Fig. g | j 
The output of the matched filter will be a compressed pulse of width r and will have a 
peak N times greater than that of the long pulse. The pulse compression ratio equals the 
number of subpulses N = 77r ~ BT, where the bandwidth B ~ 1/r. The matched filter out¬ 
put extends for a time T on either side of the peak response. The unwanted, but unavoid¬ 
able, portions of the output waveform other than the compressed pulse are known as time 
sidelobes. When the selection of the phases is made at random, the expected maximum 
(power) sidelobe is about 2 IN below the peak of the compressed pulse. 

Barker Codes Some random selections of the 0,77 phases are better than others (where 
better means a lower maximum sidelobe level). Completely random selection of the phases 
therefore, is not a good idea if compressed waveforms with low time-sidelobes are de¬ 
sired—and they usually are. One criterion for selecting the subpulse phases is that all the 

Figure 6.17 (a) 

Barker code of length 
13; a long pulse with 
1 3 equal subdivisions 
whose individual 
phases are either 0° 

(+) or 180° (-). (b) 

Autocorrelation function 
of (a), which represents 
the output of the 
matched filter, (c) 

Tapped delay line for 
generating the Barker 
code of length 1 3. 


(b) 


i —I h-7 

l | +|+1+1+|+|-|-|+1+|-|+|-|+ 



T - 4 * - T 



(c) 



6.5 Pulse Compression 351 


Table 6.4 Barker codes 




Code length 

Code elements 

Sidelobe level, dB 

2 

+ -, + + 

-6.0 

3 

+ + - 

-9.5 

4 

+ + -+, + + + - 

-12.0 

5 

+ + + —b 

-14.0 

7 

+ + +-+ ~ 

-16.9 

11 

+ + +-+ - 

-20.8 

13 

+++++-“++-+-+ 

-22.3 


time-sidelobes of the compressed pulse should be equal. (The reasoning here is that one 
can allow the small sidelobes to increase if it results in a lowering of the high sidelobes, 
and having all sidelobes equal is an indication that this has happened.) The 0 ,77 binary 
phase-codes that result in equal time-sidelobes are called Barker codes. The Barker code 
of length N = 13 is shown in Fig. 6.17a. The (+) indicates 0 phase and (-) indicates 77 - 
radian phase. Its autocorrelation function, which is the output of the matched filter, is 
shown in (b). There are six equal time-sidelobes to either side of the peak, each at a level 
22.3 dB below the peak. (The sidelobe level of the Barker codes is UN 1 that of the peak 
signal.) In (c) is shown schematically a tapped delay line that generates the Barker code 
of length 13 when the input is from the left. The same tapped delay-line filter can be used 
as the receiver matched filter if the received signal is applied from the right. The Barker 
codes are listed in Table 6.4. There are none greater than length 13; hence, the greatest 
pulse-compression ratio for a Barker code is 13. This is a relatively low value for pulse- 
compression applications. 


Linear Recursive Sequences, or Shift-Register Codes When a pulse compression ra¬ 
tio larger than 13 is required, some other criterion for selecting the 0,77 phases is needed. 
One method for obtaining a set of random-like phase codes is to employ a shift register 
with feedback and modulo 2 addition that generates a pseudorandom sequence of zeros 


and ones of length 2" — 1, where n is the number of stages in the shift register. 


42-44 


An 


«-stage shift register consists of n consecutive two-state memory units controlled by a sin¬ 
gle clock. The two states considered here are 0 and 1. At each clock pulse, the state of 
each stage is shifted to the next stage in line. Figure 6.18 shows a seven-stage shift 
register used to generate a pseudorandom sequence of zeros and ones of length 127. In 
this particular case, feedback is obtained by combining the output of the 6th and 7th stages 


Figure 6.18 Seven-bit shift 
register for generating a 
pseudorandom linear recursive 
sequence of length 127. 
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in a modulo-2 adder. (In a modulo-two adder the output is zero when both inputs are 
the same [(0,0) or (1,1)] and the output is one when they are not the same. It is equi Va 
lent to base-two addition with only the least-significant bit carried forward.) An u-stag e 
binary device has a total of 2" different possible states. The shift register cannot, however 
employ the state in which all stages are zero since it would produce all zeros thereafter' 
Thus an n-stage shift register can generate a binary sequence of length no greater than 
2” — 1 before repeating. The actual sequence obtained depends on both the feedback con¬ 
nection and the initial loading of the shift register. When the output sequence of an 
n-stage shift register is of period 2" — 1, it is called a maximal length sequence, or 
m-sequence. 

This type of waveform is also known as a linear recursive sequence (LRS), pseudo¬ 
random sequence, pseudonoise (PN) sequence, or binary shift-register sequence. They are 
linear since they obey the superposition theorem. When applied to phase-coded pulse com¬ 
pression, the zeros correspond to zero phase of the subpulse and the ones correspond to 
7 t radians phase. 

There can be more than one maximal length sequence, depending on the feedback 
connection. For example, 18 different maximal length sequences, each of length 127, can 
be obtained with a seven-stage shift register by using different feedback connections. With 
the proper code, the highest (power) sidelobe can be about 1/2N that of the maximum 
compressed-pulse power. A 24-dB sidelobe can be available with a sequence of length 
127. Not all maximal length codes, however, have this low a value of peak sidelobe. For 
example, 45 with N = 127, the highest sidelobe of the various maximal length sequences 
can vary from 18 to 24 dB below the peak. It is generally said that the more usual max¬ 
imum sidelobe of a “typical” maximal-length shift register sequence is approximately 1/A 
that of the peak response. In the above example with N = 127, this is 21 dB. As men¬ 
tioned above, a completely random selection of the phases usually results in a sidelobe 
approximately 2 IN below the peak; the typical maximal-length shift-register sequence 
might have a sidelobe of 1 IN, and the best of the maximal-length sequences might ap¬ 
proach 1/2N. By comparison, the Barker codes have a peak sidelobe l/N 2 below the peak. 

Sometimes the term code is used and at other times the term sequence is used to de¬ 
scribe the phases of the individual subpulses of a phase-coded waveform. Both terms are 
found in the literature and are often interchangeable when discussing pulse compression, 
as is the practice in this section. 

The shift-register codes fit several of the tests for randomness. They are called pseudo 
random since they may appear to be random, but they are actually deterministic once the 
shift-register length and feedback connections are known. The fact that a pulse compres¬ 
sion sequence is random or pseudorandom does not mean it will produce the lowest time- 
sidelobes at the output of the matched filter. For instance, the Barker code of length 13 
in Table 6.4 is a good sequence (for its length) in that it produces a —22.3-dB peak side¬ 
lobe, but it is not what is usually thought of as “random.” It does not satisfy the balance 
property of a random sequence (the number of ones differs from the number of zeros by 
at most one); nor does it satisfy the run property (among the number of runs of ones and 
zeros in each sequence, one half are of length two, one quarter of length three, and so 
forth); nor does it satisfy the correlation property (when the sequence is compared term 
by term with any cyclic shift of itself, the number of agreements differs from the number 
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of disagreements by at most one). Thus the Barker codes are not random in the above 
sense, but they produce the lowest sidelobes for their length. It should be no surprise, 
therefore, to find that there are better binary sequences than the shift-register sequences. 

Other Binary Sequences Computer search has shown that the longest code with side- 
lobe level of 2 is of length 28; 46 ' 47 the longest code with sidelobe level 3 is 51 ; 48 and the 
longest codes for levels 4 and 5 are 69 and 88 respectively. 48 It should be noted that the 
above sidelobe levels are almost 25 dB for code lengths varying from 51 to 88. These 
sidelobe levels are better than the 1/2 N values of the best maximal-length sequences. 

Doppler Effects The binary phase-coded waveform produces a thumbtack ambiguity di¬ 
agram so that a bank of matched filters (with each filter tuned to a different doppler fre¬ 
quency) will be needed when the doppler shift of the target echo signal is large. There is, 
however, a more serious problem with these waveforms when there are large doppler shifts. 
The sidelobes in the plateau region of the thumbtack can be relatively high and a single 
target can result in responses from more than one filter to cause ambiguities and/or false 
target reports at incorrect doppler shifts. Thus the binary phase-coded waveforms might 
not be suitable when there is a significant doppler shift. 

Quadripha.se Code 4 ’ Binary phase (biphase) coded signals using rectangular subpulses 
can result in poor fall-off of the radiated spectrum, mismatch loss in the receiver pulse- 
compression filter, and loss due to range sampling when the pulse compression is digital. 
These effects can be reduced by modifying the biphase codes to produce what is called 
a quadriphase code. 

To generate the quadriphase code, one first starts with a good biphase code. The 
binary-code phases, designated as W k for each subpulse, are transformed to the quad¬ 
riphase codes, designated V h by means of the following transformation: 

Vk = j s(k ~ " W k [6.47] 

where 5 is fixed and is either +1 or -1. Since the phases of the subpulses of a binary 
code are either 0 or n radians, the above equation shows that the phases of the quad¬ 
riphase subpulses will be either 0, rr/2, t t, or 3tt/2 radians. Between subpulses the phase 
change will be either + v/2 or — tt/ 2 radians. Each subpulse of the quadriphase code has 
a half-cosine shape rather than a rectangular shape. The spectrum of a cosine subpulse 
decreases more rapidly than that of a rectangular shape, and is therefore less likely to 
cause interference. The subpulse width r is measured from the half-power points of the 
half-cosine. (The base-width of the half-cosine is therefore 2r.) The overlap of the cosine¬ 
shaped subpulses results in an uncompressed pulse that has constant amplitude except for 
the leading and trailing edges. As mentioned previously in this section, constant ampli¬ 
tude output is desired of high-power transmitters since variations in the amplitude of the 
pulse can cause loss of transmitter efficiency. The half-cosine shape of the subpulses and 
the crossover at the half-power points result in constant amplitude and also eliminate phase 
transients that can cause spectral splatter. 

The maximum value of the compressed biphase waveform (the autocorrelation 
function) is preserved when converted to the quadriphase compressed pulse. The peak 
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sidelobe level of the quadriphase code, however, can be larger than that of the biphase 
signal from which it was derived. The increase approaches 1.5 dB when the biphase side- 
lobe is very large. If, however, the amplitude of the peak sidelobe of the compressed pulse 
of the biphase code is unity, as with Barker codes, then according to Taylor and 
Blinchikoff 49 there is no increase in the sidelobe amplitude when transforming to the quad¬ 
riphase code. When the peak sidelobe of the compressed pulse from a biphase code is 
two, the peak sidelobe of the compressed quadriphase code is increased by 0.41 dB. 

If digital processing is employed, a loss in signal-to-noise ratio occurs when the sam¬ 
pling straddles the peak of the compressed pulse rather than being exactly at the peak. 
When losses due to random sampling are averaged over all possible locations within the 
pulse, the range-straddling loss is about 2.3 dB for binary phase codes, but is only 0.8 dB 
for quadriphase codes. 49 (In both the binary phase and the quadriphase codes, it is as¬ 
sumed in the above that the spacing between samples is the same as the subpulse spac¬ 
ing t, but can occur anywhere within the subpulse. If the binary phase codes are double 
sampled, however, the 2.3-dB loss is reduced to 0.8 dB.) The doppler behavior of quad¬ 
riphase codes is said by Taylor and Blinchikoff to be the same as the doppler behavior of 
biphase codes. Levanon and Freedman, 50 however, give examples where the ambiguity 
diagram with a nonzero doppler shift can be significantly different for a quadriphase code 
than for the biphase code from which it was derived. For example, the ambiguity diagram 
of a quadriphase code derived from a Barker code of length 13 has a diagonal ridge more 
like that of a linear-FM ambiguity function rather than the thumbtack ambiguity function 
of the Barker code. The diagonal ridge, however, is not a general feature of quadriphase 
codes. 

Polyphase Codes The phases of the subpulses in phase-coded pulse compression need 
not be restricted to the two levels of 0 and it. When other than the binary phases of 0 or 
77, the coded pulses are called polyphase codes. They produce lower sidelobe levels than 
the binary phase codes and are tolerant to doppler frequency shifts if the doppler fre¬ 
quencies are not too large. An example is the Frank polyphase code 51 ' 52 defined by an M 
by M matrix as shown on the left side of Table 6.5. The numbers in the matrix are each 
multiplied by a phase equal to 2tt!M radians (or 360/M deg). The polyphase code starts 
at the upper left-hand comer of the matrix, and a sequence of length M 2 is obtained. The 
pulse compression ratio is M 2 = N, the total number of subpulses. An example of the 
phases for each of the 25 pulses of a Frank code of M = 5 is shown on the right side of 
Table 6.5. The basic phase increment in this example is 360/5 = 72°. The phases are shown 
modulo 360°. 

Frank conjectured that for large N, the highest sidelobe of a polyphase code relative 
to the peak of the compressed pulse is tt 2 N ~ 10 X (pulse compression ratio). In the above 
example with N = 25, the peak sidelobe is 23.9 dB. (By comparison, the closest 
maximal-length shift register sequence, of length 31, has a peak sidelobe of 17.8 dB.) 

Since the rate of change of phase is a frequency, examination of the matrix of Table 
6.5 indicates that the frequencies of the Frank code change linearly with time in a dis¬ 
crete fashion. The Frank codes can be thought of as approximating a stepped linear-FM 
waveform. The ambiguity diagram for a polyphase code is similar to that of a linear-FM 
waveform, but there can be a 3- to 4-dB loss in signal at doppler frequencies that are 
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Table 6.5 Frank Polyphase Code 


M X M Matrix Defining 

Frank Polyphase Code 

Example of Frank Matrix with M = 5 and 
pulse compression ratio IV = M X M = 25 

0 0 0 0... 

0 

0, 0, 0, 0, 0, 

0 1 2 3... 

N - 1 

0, 72, 144, 216, 288, 

0 24 6 ... 

. 2(N - l) 

0, 144, 288, 72, 216, 

03 6 9... 

. 3(N — 1) 

0. 216, 72, 288, 144, 



0, 288, 216, 144, 72. 

0. 

..(iv- if 



The phases of each of the M 2 subpulses are found by starting at the upper left of the matrix and 
reading each row in succession from left to right. 


odd-integer multiples of tt radians per pulse. 53 The doppler response of polyphase codes 
should be satisfactory with aircraft targets but might be a problem when detecting high¬ 
speed targets such as satellites and ballistic missiles. 

B. Lewis and F. Kretschmer have described variants of the Frank polyphase codes, 
which they called P-codes. 54 They devised four P-codes that they claim to be more tol¬ 
erant than the Frank code to receiver bandlimiting prior to pulse compression. 

Lewis 55 has also shown that the range, or time, sidelobes of the polyphase codes can 
be reduced significantly after reception by following the polyphase pulse-compression 
network with a two-sample sliding-window subtractor for the Frank and PI codes, and by 
a two-sample sliding-window adder for the P3 and P4 polyphase codes. The sliding- 
window subtractor is a one-sample delay whose input and output drive the subtractor. With 
this additional processing, the sidelobes of a polyphase code of length N are uniform and 
are (2/AO" relative to the peak. The sidelobe level is of unit magnitude, just as with the 
Barker codes. The width of the compressed pulse, however, is doubled so that the pulse 
compression ratio is reduced to M2. There is a loss because of the doubling that Lewis 
estimates to be about 1 dB. For example, a polyphase waveform with an original pulse- 
compression ratio of 400 will have an effective pulse-compression ratio of 200 after the 
two-sample sliding-window subtractor or adder, and its sidelobe level will be 46 dB be¬ 
low the peak. This is the sidelobe level that would be achieved if there existed a Barker 
code with a pulse compression ratio of 200. Lewis also states that “tests of the sidelobe 
suppression with doppler as would be encountered in radar where the codes were useful 
revealed that the doppler did not significantly reduce the effect of the sidelobe suppres¬ 
sion.” There exists, however, a range-doppler coupling that is characteristic of linear FM 
and FM-derived polyphase codes. 

Costas Codes A frequency hopping, or time-frequency coded, waveform is generated by 
dividing a long pulse of width T into a series of M contiguous subpulses (Fig. 6.19a). The 
frequency of each subpulse is selected from M contiguous frequencies within a band B 
(Fig. 6.19b). 56 The frequencies are separated by the reciprocal of the subpulse width (or 
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Figure 6.19 Discrete frequency-coded 
pulse-compression waveform, (a) Long 
pulse divided into M subpulses; (b) M 
contiguous uniformly increasing 
frequencies covering the band 6; (c) a 
frequency-hopping code. 


A B = M/7); there are B/M different frequencies to choose for the subpulses; and the width 
of each subpulse is T/M. If the frequencies of the subpulses were to be selected so as to 
be monotonically increasing (or decreasing) in frequency from subpulse to subpulse, it 
would be a stepped-frequency waveform that approximates the linear-FM waveform, es¬ 
pecially if the frequency and time steps are small. Its ambiguity diagram will be a ridge, 
like that of the linear FM. When the frequencies are selected at random, as in Fig. 6.19c, 
the result is a thumbtack ambiguity diagram. The pulse compression ratio is BT = (M 
A B)T = M(M/T)T = M 2 . Only M = X BT' subpulses are needed instead of the BT sub¬ 
pulses required for binary phase-coded pulses. 

Some random selections, however, are better than others for producing an ambiguity 
diagram with low sidelobes; so it is not wise to choose the frequencies haphazardly. With 
M choices of frequencies for M subpulses, there are Ml different sequences. An exhaus¬ 
tive blind search for the best sequences is not practical except for very small values of M. 

J. P. Costas has suggested a procedure for selecting the order of frequencies so as to 
provide well-controlled range and doppler sidelobes. 57 Costas codes attempt to have a 
sidelobe no greater than one unit high, so that the maximum (voltage) sidelobe level of 
the thumbtack ambiguity diagram is 1/Mth the central peak (voltage), where M is the num¬ 
ber of subpulses. The sidelobes of the ambiguity diagram (in terms of relative power) are 
about (1/M) 2 relative to the central peak in those regions of the ambiguity diagram away 
from the central peak, and can be close to (2/M) 2 near the central peak. 

The waveforms based on the criterion of Costas are described by an array of M rows 
representing frequency and M columns representing time intervals (subpulses). There is 
exactly one mark in each row and each column. Such an array is called an M X M Costas 
array if the coincidence function satisfies C(r,s) < 1 for all integer pairs (r, 5 ) A (0,0) with 
| r | < M — 1, | s I < M — 1. The coincidence function gives the number of coincidences 
of marks between the original array and its translation along the time and/or frequency 
axis. It may be regarded as a discrete version of the (unnormalized) ambiguity function. 
The parameters r and 5 define the amount of the translation: r is the number of integer 
shifts to the right or left (translated by columns), and .v is the number of integer shifts up 
or down (translated by rows). 

Consider, for example, the 6X6 Costas array of Fig. 6.20. 55 The dashed lines in this 
figure indicate the translation of the array two time intervals to the right and three fre¬ 
quency intervals up. The Xs locate the frequencies transmitted in the original array, and 
the Os the same frequencies in the shifted array. From this discrete representation, one 
point on the ambiguity diagram can be obtained. In the example of Fig. 6.20 there is only 
one cell in the original array and the shifted array where the X and O marks (signals) co¬ 
incide. Hence the value for this point (2,3) on the ambiguity diagram is 1. The complete 
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Figure 


6.20 


A 6 x 6 


Costas array indicated by Xs 
a |ona with its translation two 
t0 the right and three up (2,3) 
jhown dashed and indicated 
by Os. A single coincidence 
occurs in cell (3,6). 

I (After Chang and Scarbrough. 58 
| copyright 1989 IEEE.) 



ambiguity diagram based on the discrete array is obtained by shifting the two arrays 
through all values of r and s. 

A Costas code is therefore a frequency-hopped signal where there is no more than 
one coincidence between the original and the translated array. With no translation, there 
will be M coincidences, which is the peak at the center of the ambiguity diagram. Thus 
the maximum sidelobe (voltage) ratio is 1/M. This is only approximate since discrete val¬ 
ues are used. A more exact calculation of the ambiguity function, therefore, might have 
sidelobe levels that can be greater than 1/M in the vicinity of the central peak. 

Golomb and Taylor 59 have analyzed the Costas codes and conjecture that M X M 
Costas arrays exist for every positive integer M. They show that Costas arrays exist when 
M = p — l, M = q — 2, M = q - 3, and sometimes when M = q - 4 and M = q — 5, 
where p is a prime number and q is any power of a prime number. If lines were to be 
drawn connecting pairs of marks in the distinct cells of a Costas array, no two of these 
lines would be equal in both length and slope. Golomb and Taylor list the known Costas 
arrays for 271 values of M up to 360. They also indicate that there can be a large num¬ 
ber of different Costas arrays for a given value of M. If C(M) represents the total number 
of M X M Costas arrays, they give C(M) for values from M = 1 to 13. For example, when 
M = 7 (pulse-compression ratio of 49) there are 200 different 7X7 arrays that meet the 
Costas criterion of only one coincidence in the discrete ambiguity diagram. For M = 13, 
there are 12,828 Costas arrays. The probability that a randomly chosen M X M permuta¬ 
tion matrix will be a Costas array is C(M)/M!. Golomb and Taylor state that this proba¬ 
bility is less than 10 21 when M = 32. Thus trial and error search is not practical for large 
M. Figure 6.21 is an example of a Costas array for M = 24 and pulse-compression ratio 
of 576. For this example, the maximum sidelobe in regions of the ambiguity diagram is 
predicted to be about 27.6 dB below the central peak when not too close to the central 
peak, and a bit higher in the vicinity of the central peak. 


Nonlinear FM Pulse Compression 60,61 Nonlinear FM offers the advantage over linear FM 
of producing low time-sidelobes using a constant-amplitude waveform and a theoretically 
lossless matched filter. It does not experience the loss in signal-to-noise ratio associated 
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Figure 6.21 Example of frequency-time 
sequences for a Costas code with M = 24, 
which gives a pulse compression ratio of 
576. 

(After Golomb and Taylor. 59 ) 



Subpulse number 


with the mismatched filter used to reduce sidelobes in a linear-FM pulse-compression sys¬ 
tem. A constant-amplitude envelope allows efficient generation of high power. The non¬ 
linear rate of change of frequency performs the same role as amplitude weighting of the 
spectrum. If less time is spent over some part of the spectrum, it is equivalent to reduced 
amplitude of the spectrum. In addition, there is no significant widening of the compressed 
pulse. When a symmetrical nonlinear FM is used, the ambiguity diagram is that of a 
thumbtack; that is, it has a single peak rather than a ridge. (A symmetrical waveform is 
one where the frequency increases during the first half of the pulse and decreases in a 
similar manner during the second half of the pulse, or vice versa.) Hence, symmetrical 
nonlinear FM is more sensitive to large doppler shifts and is not doppler tolerant. A non- 
symmetrical waveform utilizes only one half of the symmetrical waveform and has some 
of the range-doppler coupling characteristic of the linear FM. 

Nonlinear FM waveforms result in more system complexity than linear FM. The sur¬ 
face acoustic wave (SAW) dispersive delay line and digital methods can be used to gen¬ 
erate and process nonlinear FM. Nonlinear FM waveforms are designed to produce the 
equivalent of the classical amplitude-weighting functions mentioned previously. Exam¬ 
ples of nonlinear FM based on 40-dB Taylor, Hamming, truncated gaussian, and cosine- 
squared-on-a-pedestal weightings that give low sidelobes (35 to 40 dB, or better) can be 
found in the literature. 61 ' 62 

Doppler-Tolerant Pulse-Compression Waveforms A doppler-tolerant waveform is one 
whose signal-to-noise ratio out of its matched filter is relatively independent of the doppler 
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frequency shift (over a wide range of doppler shifts). Thus a single matched filter can be 
used rather than multiple filters (as in a filter bank). Such waveforms have also been called 
doppler invariant. Several of these have already been encountered in this section. 

Short Pulse and Linear-FM A short pulse is doppler tolerant, as can be seen from its 
ridge ambiguity diagram of Fig. 6.8b. The long pulse of Fig. 6.8a, however, is not doppler 
tolerant. A bank of matched filters, each tuned to a different doppler shift, is required in 
order to detect the received signal when its doppler is unknown. The linear-FM is also 
doppler tolerant, as long as the absolute value of 2(v r /c)BT is not greater than unity, where 
v r = radial velocity of the target, c = velocity of propagation, B = bandwidth, and 
T = pulse duration. 62 When this product exceeds unity the peak-signal out of the matched 
filter will be significantly reduced and the compressed pulse widened. Except for very 
high-speed targets and very large values of BT, this restriction is not a concern in most 
radar applications; but it can be important in sonar since the velocity of acoustic propa¬ 
gation is much lower than that of electromagnetic waves. 63 


Linear Period Modulation The linear-FM waveform is only an approximation to a “true” 
doppler-tolerant waveform that is not limited by the restriction given in the above para¬ 
graph. The doppler-tolerant waveform is 64 66 
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The amplitude A{t) represents modulation by a rectangular pulse of width T [sometimes 
written as rect (t/T)]. The bandwidth is B and the carrier frequency is f 0 . This expression 
for the doppler-tolerant waveform is difficult to interpret as it stands, but if the natural log 
is expanded using the series ln( 1 — x) = — (x + x 2 /2 + x 3 /3 + •••), for x 2 < 1, Eq. (6.48) 
becomes 
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When terms greater than the first two can be neglected, Eq. (6.49) is the same as the clas¬ 
sical linear-FM (LFM) waveform. Thus the linear FM, or chirp, pulse-compression wave¬ 
form is a practical approximation to tire theoretical doppler-tolerant waveform given by 
Eq. (6.48). 

Differentiating the argument of Eq. (6.48) with respect to time, gives the frequency 
of the doppler-tolerant waveform asf 0 2 T/(f 0 T — Bt ). Inverting to obtain the period, it can 
be seen that the doppler-tolerant waveform is one whose period is linearly modulated with 
time; that is, period = [(l// 0 ) - mt], where m = B/f 0 2 T. This doppler-tolerant waveform 
has been called linear-period modulation (LPM). Because of the logarithm in the argu¬ 
ment of Eq. (6.48), it has also been called logarithmic phase modulation. It is also known 
as hyperbolic frequency modulation (FIFM), since the relationship between frequency and 
time is hyperbolic. Both the LFM and the LPM waveforms are doppler tolerant in the 
sense that the signal-to-noise ratio and the compressed pulse width are not significantly 
changed by a doppler frequency shift. However, with both waveforms there is coupling 
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between the range and the doppler; and the peak response will be shifted in time so th 
a range error can result, as evident in the ambiguity diagram of Fig. 6.9 for the I Ru 
waveform. 

The time sidelobes of the LPM waveform, after passing through the matched fin 
are higher than those of the LFM waveform. 66 It has been said that weighting can red, ’ 
the LPM sidelobes to the range of -20 to -30 dB. 67 The spectrum of the LPM is „! 
uniform but falls off exponentially as the frequency increases. The amount of exponen 
tial decay depends on the ratio of the highest-to-the-lowest frequency. 

LPM pulse-compression is more likely to be important for acoustic (sonar) echo 
location applications than for radar. Since the velocity of sound is much smaller than the 
velocity of light, the acoustic LFM waveform might result in an unacceptable widening 
of the compressed pulse and a lowering of the output signal-to-noise ratio. Various species 
of bats have been found to employ acoustic echolocation with LPM waveforms. The LPM 
is needed rather than LFM since the bandwidth-pulsewidth products are generally hioh 
enough to cause the absolute value of 2 (v,./c)BT to exceed unity. 68 The bat, which de¬ 
pends on acoustic echolocation to fly through dark caves with impunity and to find and 
catch insects in flight, has evolved a remarkable pulse compression system during its many 
years on earth, long before radar or sonar existed. 

An accelerating target causes a frequency shift of an LPM signal. 69 The LPM wave¬ 
form can be made to accommodate accelerating targets if a bank of filters is employed 
that is matched to the frequency-shifted versions of the received LPM waveform. It has 
been said, however, that wideband LFM signals “may be quite capable of achieving high 
acceleration tolerance without the need for separate acceleration-processing channels,” 
even though this waveform is less doppler tolerant than the wideband LPM. 70 

Other Pulse Compression Waveforms There are several other pulse-compression wave¬ 
forms that have been considered for radar. They each have some interesting characteris¬ 
tics, but as is true of almost everything, they also have some limitations. 

Nonlinear Binary Phase-Coded Sequences 11 ' 12 Linear recursive sequences, or shift- 
register codes, were discussed earlier in this section. They are formed with an n-stage shift 
register with a feedback logic consisting of modulo-2 additions. The number of different 
maximal-length sequences that can be obtained with an n-stage shift register with linear 
feedback logic is approximately 27 n. If nonlinear feedback logic is used instead, the num¬ 
ber of maximal length sequences increases to 2 2 " 72". This large number is of interest 
when many different codes are desired for such purposes as minimizing mutual interfer¬ 
ence, providing more security to the code, or making deception jamming more difficult 
With a five-stage shift register, for example, only six 31-symbol maximal-length sequences 
can be obtained when linear feedback logic is used. With nonlinear feedback, 2048 dif¬ 
ferent 32-symbol pseudorandom sequences are available. The length of a nonlinear se¬ 
quence from an «-stage shift register can be 2" rather than the 2" - 1 for linear sequences. 

Complementary Codes It is possible to find pairs of equal-length phase-coded pulses 
in which the sidelobes of the autocorrelation function of one are the negative of the other 
If the autocorrelation functions from the outputs of the two matched filters are added, the 
algebraic sum of the sidelobes will be zero and the main response will be 2N, where N 
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is the number of elements in each of the two codes. These are called complementary codes, 
or Golay codes after the person who first reported their existence and described how to 
construct them. 73 Theoretically, there are no sidelobes on the time axis when comple¬ 
mentary codes are employed. Complementary codes can be obtained with either binary 
or polyphase sequences. 74 

There are two problems, however, that limit the use of complementary codes. 75 The 
first is that the two codes have to be transmitted on two separate pulses, detected sepa¬ 
rately, and then subtracted. Any movement of the target or instability in the system that 
occurs during the time between the two pulses can result in incomplete cancellation of 
the sidelobes. Transmitting the two codes simultaneously at two different frequencies does 
not solve the problem since the target response can vary with frequency. The second prob¬ 
lem is that the sidelobes are not zero after cancellation when there is a doppler frequency 
shift so that the ambiguity diagram will contain other regions with high sidelobes. Thus 
this method of obtaining zero sidelobes has serious practical difficulties and is not as at¬ 
tractive as it might seem at first glance. 

Welti Codes 76 These are related to Golay complementary codes in that they are used in 
pairs that are subtracted from one another to obtain autocorrelation functions with zero 
time sidelobes. They use four phases (0,90,180,270°) rather than the two phases (0, 180) 
of the Golay codes. They are a class of polyphase codes but have ambiguity diagrams 
more like those of biphase codes than the Frank polyphase codes. 77 Welti codes can pre¬ 
sent the same problems as odter complementary codes. 

Huffman Codes 78 So far, every pulse-compression waveform discussed in this section is 
of constant amplitude across the uncompressed pulse. The signal bandwidth is increased 
by phase or frequency modulation rather than by amplitude modulation. The Huffman 
codes, on the other hand, consist of elements that vary in amplitude as well as in phase. 
When the doppler shift is zero, they produce autocorrelation functions with no sidelobes 
on the time axis except for a single unavoidable sidelobe at both ends of the compressed 
waveform. The level of these two end-sidelobes is a design tradeoff. In one example, 79 a 
Huffman code of length 64 with no doppler shift has a sidelobe at each end that is 56 dB 
below the peak. As with other methods for obtaining zero or low sidelobes, the volume 
under the ambiguity diagram must remain constant [Eq. (6.46)], which means that higher 
sidelobes will appear elsewhere in the doppler domain. The sidelobes also degrade if the 
tolerances in amplitude and phase are not maintained sufficiently high or if there are too 
few bits in the A/D converter. 

Variants of the Barker Code The pulse compression ratio of a conventional Barker code 
can be increased (beyond the maximum of 13) by making each element of the Barker 
code itself a Barker code. For example, a Barker code of length 13 in which each element 
is also a length 13 Barker gives a combined code length of 169 with a pulse compression 
ratio of 169 and a maximum sidelobe 22.3 dB below the peak. 80 Thus the pulse com¬ 
pression ratio is increased by increasing the length of the uncompressed pulse, but there 
is no decrease in absolute sidelobe level. This is called a combined Barker code, but it 
has also been known as a compound Barker or a concatenated Barker. 
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The sidelobe level of a eonventional Barker eode can be decreased by extending the 
time-sidelobe region beyond 2T, where T = the uncompressed pulse width. This method 
suggested many years ago by Key, Fowle, and Haggarty, 81,82 makes use of the fact that 
the equal-amplitude sidelobes and the main lobe of the autocorrelation function of the 
Barker codes are of similar shape. Because of this geometric similarity, it is possible to 
suppress the sidelobes by adding properly weighted and time-shifted replicas of the 
matched-filter output to the original output of the matched filter. That is, the autocorrela¬ 
tion function of the Barker-13 code, as was shown in Fig. 6.17b, is passed through a trans¬ 
versal filter with delays and weighting designed to eliminate the original sidelobes. If, f or 
example, the six sidelobes that are on each side of the main lobe of a 13-bit Barker are 
to be removed, there can be six weighted (reduced amplitude) replicas of the Barker code 
autocorrelation function applied at six different times ahead of the main lobe and six dif¬ 
ferent times behind the main lobe. To accomplish this the Barker code matched filter would 
be followed by a 13-tap transversal filter with the proper weightings at each tap to com¬ 
pletely eliminate (in theory) the original sidelobes. As a result, new sidelobes will appear 
farther out in time on either side of the original Barker-13 sidelobes. These new sidelobes 
will be lower than the original. The new maximum sidelobe generated because of the 
transversal filter will be 32.4 dB below the peak instead of the 22.3 dB of the original. 
The loss in signal-to-noise ratio is about 0.25 dB, which is small. 

Sidelobe Reduction for Phase-Coded Pulse-Compression Signals Suggestions have 
been made to reduce the sidelobes of phase-coded signals by following the matched fil¬ 
ter with a transversal filter with weights that reduce the time sidelobes, similar to that de¬ 
scribed by Key et al. in the above. The weights are selected according to one of two cri¬ 
teria: (1) minimize the total energy in the sidelobes or (2) minimize the peak sidelobe. 
The number of bits (taps) in the delay line of the transversal filter can be greater than the 
length (number of bits) of the phase-coded signal. When the number of bits in the trans¬ 
versal filter is greater than that of the matched filter, the phase-coded signal is zero-padded 
to the same length as the filter. 

One of the first papers to discuss this method was by Ackroyd and Ghani, 83 who de¬ 
termined the weights of a transversal filter so as to give a compressed output signal tha t 
approximates the desired output signal in the least-squares sense. The output to be mini¬ 
mized is a sum that represents the “energy.” of the difference between the actual sidelobe 
levels and the desired levels. This is sometimes known as minimizing the integrated side¬ 
lobes, or ISL. 84 Starting with a Barker-13 code, Ackroyd and Ghani show that with least- 
squares filters of lengths 13, 41, 53, and 66, the maximum sidelobe levels below the main 
peak are 24 dB, 40 dB, 50 dB, and 60 dB, respectively. It is said that when the Barker- 
13 matched filter is replaced with the least-squares filter, the loss in signal-to-noise ratio 
is 0.2 dB. 

This technique has also been applied to reducing the sidelobe levels of the combined 
Barker code. 85 A 52-element combined Barker code, for example, can be generated 
by combining a 4-element Barker code with a 13-element Barker code. When passed 
through a 200-bit minimum square-error transversal filter, a maximum sidelobe level 
40.7 dB below the peak is produced. This mismatched filter results in a computed loss of 
1.86 dB. 
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Similarly, the weights of a transversal filter can be chosen to minimize the peak side- 
lobe. 86 Baden and Cohen 87 show that the peak sidelobe obtained using this criterion is 
from one to seven dB less than the peak sidelobe obtained using the minimization of the 
integrated sidelobes, depending on the particular code and filter length. Loss in signal-to- 
noise ratio is said to be less than one dB. Compared to the sidelobes of the original out¬ 
put of the matched filter, reductions of 15 dB or more “are readily achieved for reason¬ 
able filter lengths.” This sidelobe-weighting technique can also be used for generating 
mismatched filters that produce sidelobe-free regions in the vicinity of the main lobe. 

Although there are several methods described for reducing the sidelobes of the out¬ 
put of a matched filter for binary phase-coded signals, apparently they have not had as 
much application as the nonmatched weighting filter used to reduce the time sidelobes of 
the linear-FM pulse compression waveform. 

Other Aspects of Pulse Compression 

Generic Compressed Signal By way of review, the general nature of the compressed 
pulse produced by a matched filter is sketched in Fig. 6.22. The peak of the compressed 
pulse is equal to 2 E, where E is the energy of the input signal. (Note, however, that the 
units of the peak output is in volts, not joules.) The peak value depends only on the 
input-signal energy and not on the signal shape. The width of the compressed pulse is ap¬ 
proximately 1 IB, where B = signal bandwidth, regardless of how the bandwidth is ob¬ 
tained. When the total duration of the uncompressed signal is T, the sidelobes of the com¬ 
pressed pulse extend over a time 2T. The nature of the sidelobes is determined by the 
shape of the uncompressed signal, s(t). One of the most important aspects of pulse com¬ 
pression design is the selection of s(t) to minimize the sidelobe level. 

The major difference between pulse compression and a short pulse of the same res¬ 
olution and energy is that the short pulse has no time sidelobes, whereas the pulse com¬ 
pression signal has sidelobes that can be mistaken for real targets or mask the presence 
of small targets located within the sidelobe region that extends over a time 2 T in extent. 


Figure 6.22 Sketch of a 
generic compressed pulse whose 
uncompressed waveform is s(f), 
with bandwidth B, time duration T, 
and energy E. 



Sidelobes depend 
on s(t) 
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Limiting in Pulse Compression Since the amplitude of uncompressed radar waveform, 
is constant, limiting is sometimes used in the receiver before the matched filter to insure 
that the input signal to the matched filter is of uniform amplitude or to provide a constant 
false-alarm rate using CFAR. It was said in Chap. 3 that hard limiting should not be used 
with MTI radar since it can significantly decrease the improvement factor. If pulse com 
pression is used with MTI, and if hard limiting is desired for pulse compression, the lim 
iter and the pulse compression matched filter can follow the doppler processing rather 
than precede it. On the other hand, when pulse compression follows the MTI, the MTI 
processor does not benefit from the reduction in clutter obtained with pulse compression 
If there are significant instabilities in the MTI transmitter and oscillators, the use of lim¬ 
iters with pulse compression is different from that assumed here, as will be described later 
under the heading “Compatibility with Other Processing.” 

If MTI precedes the pulse-compression matched filter or if MTI is not used at all in 
the radar, then limiting can be employed with pulse compression. Even so, there are sev¬ 
eral concerns with the use of a limiter in pulse compression. These include (1) the loss 
incurred in the signal-to-noise ratio, (2) the suppression of nearby small target signals 
and (3) the possibility of spurious (false) targets. 

For phase-coded waveforms, the loss in signal-to-noise ratio decreases with the length 
of the code and the number of pulses integrated. Table 6.6 summarizes the loss due to 
limiting as given by Castella and Rudie. 88 A hard limiter is one in which the limit level 
is set low enough (well into the noise) so that there is no variation in the amplitude of the 
output signal. Phase and frequency modulations, however, are preserved. The hard lim¬ 
iter listed in the table corresponds to analog limiting in the IF. A digital soft limiter is de¬ 
fined by Castella and Rudie as one where the I and Q signal components are quantized 
to three bits at baseband, with two of these bits allotted to ± 2 sigma of the noise. The 
table indicates that one should try to have long code lengths and a large number of pulses 
integrated if hard limiting is used. 


Table 6.6 Loss with phase-coded waveforms due to limiting 88 (probability of detection = 0.5; 
probability of false alarm = 10“ 6 ) 


Type of Limiter* 

Code Length 

Number of Pulses 
Integrated 

Loss in Signal- 
to-Noise Ratio 

Hard limiter 

16 

1 

6.4 dB 


16 

8 

1.8 dB 


128 

1 

1.4 dB 


128 

8 

1.1 dB 

Digital soft limiter 

16 to 128 

1 to 8 

0.4 to 0.5 dB 

Digital hard limiter 

16 

1 

8.6 dB 


16 

8 

3.0 dB 


128 

1 

2.4 dB 


128 

8 

2.0 dB 


I *$ee text for descriptions of limiters 
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The second concern mentioned above, small-signal suppression, involves two un¬ 
compressed pulses that overlap. The effect of the limiter is to cause the smaller of the two 
signals to be suppressed and be less detectable than if limiting were not employed. This 
can occur with either a linear FM or a phase-coded signal. In the overlap region the weaker 
signal can be suppressed by as much as 6 dB if the stronger signal has a large signal-to- 
noise ratio. 89 The noise is also reduced. The net result can be a reduction of the detection 
probability of the weaker signal, which deteriorates rapidly depending on the amount of 
overlap. 90 

The third concern is the possibility of generating false targets in addition to the real 
targets when there is overlap of the uncompressed pulses. Woerrlein 91 states that with two 
overlapped linear-FM signals there can be an array of false targets that appear on both 
sides of the two target returns. If the two signals are only partially overlapped, there will 
be a consequent reduction in the number of false targets. There is, on the other hand, no 
evidence of any false targets when two binary-phase signals overlap; but when three 
binary-phase signals overlap, there is a fourth signal that is false. His analysis applies only 
to large signal-to-noise ratios. 

In the above, limiting was assumed to be intentionally included in the radar process¬ 
ing; however, there can be unintentional limiting that can occur when the receiver is dri¬ 
ven to saturation by large clutter echoes or interference signals. 

Cross-Correlation Properties It is sometimes desirable for more than one radar to op¬ 
erate simultaneously at the same frequency within the same region of coverage. Each radar 
can employ different pulse-compression waveforms to minimize crosstalk (when one radar 
accepts signals from another radar as true targets when they are really false alarms). The 
potential that various waveforms will cause mutual interference or false target-reports can 
be determined by examining the cross-correlation function (the cross-ambiguity function) 
between two different signals. In general, the maximum output produced in one radar by 
a signal from another radar with a different waveform covering the same bandwidth will 
usually be greater than the sidelobes of the radar’s own autocorrelation function (the out¬ 
put of its matched filter). 

If there are only two radars each using linear-FM pulse compression, one could have 
an up-chirp and the other a down-chiip to reduce crosstalk. Nonlinear FM waveforms can 
also be considered for avoiding crosstalk among various radars. 

It is possible to find two Costas (frequency hopped) codes so that the sidelobe power 
level of the response of one in the other is no greater than (2/M) 2 that of the main lobe 
peak, where M is the number of frequencies and M 2 is the pulse compression ratio. 92 This 
compares with a maximum sidelobe level of (1/M) 2 for the ambiguity function of a Costas 
code, as mentioned earlier in this section. When more than two signals with Costas codes 
are present, the maximum cross-ambiguity sidelobes can be much greater than (2/M) 2 . 

For binary phase-coded pulses, H. Deng 93 estimated that the maximum sidelobe 
(power) level of the cross-con-elation function for a set of k binary sequences ( k > 2) is 
kM/3(k — 1) below the peak of the compressed pulse. Each of the k binary sequences is 
of the same length M. For k = 2, this expression predicts a maximum sidelobe (M/1.5) 2 
below the peak. Thus the cross-correlation sidelobes are not as low as those of the 
autocorrelation function [which can be (AT) 2 below the peak]. Using the optimization 
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technique known as simulated annealing , Deng finds sequences of codes with cross¬ 
correlation lobes close to that predicted when k — 2 or 3. (In his optimization he allowed 
the autocorrelation maximum sidelobe level to be weighted equally with the cross¬ 
correlation maximum sidelobe level.) With increasing k, the expression for estimating the 
cross-correlation sidelobes predicts better sidelobes than actually obtained by the use of 
simulated annealing, which is attributed to it being difficult to satisfy the approximations 
used in the estimate when k is large. 

Compatibility with Other Processing Pulse compression may be used in conjunction 
with MTI radar, as was mentioned previously in this section. Care needs to be taken when 
they are used together so that if limiting is used for pulse compression it does not degrade 
the performance of the MTI. The increased range resolution of pulse compression can re¬ 
duce the amount of clutter the radar sees so that less MTI improvement factor is required. 
This may be true for an ideal system; but as pointed out by Shrader and Gregers-Hansen, 94 
the performance of the MTI may be no better, or even worse, than a system transmitting 
the same-length uncoded pulse if there are significant system instabilities that cause in¬ 
creased sidelobes. 

The sidelobes produced in a pulse compression waveform because of system design or 
components that are nonlinear with frequency do not vary with time and will therefore can¬ 
cel in the MTI processor just as would clutter. Instabilities due to noise from the local os¬ 
cillators, transmitter power supplies, time jitter, and other transmitter noise, however, result 
in noiselike time-varying sidelobes that are proportional to the clutter amplitude. These noise¬ 
like time-sidelobes are not canceled by the MTI and can produce residual clutter that can 
cross the detection threshold and appear as targets. Shrader and Gregers-Hansen suggest a 
method for dealing with these noiselike sidelobes. The pulse-compression filter precedes the 
MTI processor, but a limiter is placed ahead of it. The limiter’s dynamic range at its output 
is set equal to the difference between the peak transmitter power and the transmitter noise 
within the system bandwidth. A second limiter is placed after the pulse compression filter. 
The dynamic range at its output is set equal to the expected MTI improvement factor. The 
MTI processor follows. The two limiters cause the residue due to transmitter noise and other 
instabilities to be equal to the front-end thermal noise at the input to the MTI processor. The 
two limiters are adjustable so that when the radar is placed in the field, they can be com¬ 
pensated to allow for differences in clutter and the condition of the radar equipment. 

Special consideration has to be given to pulse compression when used in multichan¬ 
nel radars, such as the three receiving channels of a monopulse tracker or the many thou¬ 
sands of channels of an active-aperture phased array radar. Each channel has to be highly 
matched (almost identical) to all the rest. The reproducibility and precision of SAW de¬ 
vices makes them attractive for applications where precision multiple pulse-compression 
units are required. 95 

Spread Spectrum Spread spectrum communication systems 96 employ coded waveforms 
similar to those used in pulse compression radar. The purpose of coded wavefoims in 
communications is different, however, from their purpose in radar pulse compression. 
Spread spectrum communication wavefoims allow multiple simultaneous use of the same 
frequency band by coding each transmitted signal differently from the others. In military 
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communications, spread spectrum waveforms also have the capability of rejecting interfer¬ 
ence as well as reducing the probability of being detected by a hostile electronic-warfare re¬ 
ceiver. Sometimes pulse compression radars that use waveforms si mil ar to those of spread 
spectrum communications have been called spread spectrum radars. This terminology, how¬ 
ever, is misleading since the purpose of coded waveforms in pulse compression is entirely 
different from their purpose in spread spectrum communications. It is suggested that the use 
of the term spread spectrum for describing a pulse compression radar be avoided. 

Comparison of Pulse Compression Waveforms As seen in this section, there are a num¬ 
ber of different pulse compression waveforms with different advantages and limitations. 
Table 6.7 compares the theoretical sidelobe levels that might be achieved with various 


Table 6.7 Maximum sidelobe level for various pulse compression waveforms. (Maximum sidelobe 
is in dB down from the peak of the compressed signal.) 


Pulse 

Compression 

Ratio 

Pseudorandom 

Sequences 

Computer- 

Search 

Binary Phase 

Polyphase 1 

Costas' 

13 


22.3 



15 

14.0 




16 



21.2 

12.0 

25 



23.9 

14.0 

28 


22.9 



31 

17.8 




49 



26.8 

16.9 

63 

20.4 




64 



28.0 

18.0 

73 


25.2 



88 


24.7 



100 



29.9 

20.0 

112 


25.4 



121 



30.8 

20.8 

127 

24 




129 


25.3 



144 



31.5 

21.6 

255 

25.9 




256 



34.0 

24.1 


'For polyphase codes, the maximum sidelobe is taken here to be down from the central peak, where N = 
M X M = pulse compression ratio, and M is the dimension of the matrix. 

2 For Costas codes the maximum sidelobe away from the central peak is taken to be N down from the peak, 
where N = M X M = pulse compression ratio and M = number of subpulses (equal to the number of frequencies). 
Near the central compressed peak, the sidelobes can be larger than indicated in the table. 
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pulse compression waveforms. The polyphase codes have the lowest predicted sidelobes 
in this table; but the greater the pulse compression ratio, the smaller the phase increment 
and the greater must be the precisi on. A pulse compression ratio of 900, for instance, re¬ 
quires a phase increment of 360/V 900 = 12°, and a phase tolerance that is a small frac¬ 
tion of this increment. 

Linear FM has been the waveform used most in the past in radar pulse compression 
It is less complex than some others, especially if the application permits the use of Stretch 
It usually requires weighting on receive to reduce the —13.2 dB sidelobes to the order of 
—30 dB, with a loss of about one dB. The range-doppler coupling that causes an error in 
the range measurement when there is a doppler frequency shift is sometimes of little con¬ 
sequence. If not, the true range can be obtained by use of both an up-chirp and a down- 
chirp. The ridge ambiguity diagram of the linear-FM waveform means that it is doppler 
tolerant and that a single filter can be used when there is a large doppler shift. 

The linear-period waveform is related to the linear FM and is in theory a true doppler- 
tolerant waveform. In most radar applications, it does not seem necessary to use linear 
period instead of linear FM. 

The nonlinear FM waveform might be more complex than linear FM, but it can give 
low sidelobes without the loss caused by a mismatched weighting filter. Its thumbtack 
ambiguity diagram means that a bank of matched filters is needed if there are large doppler 
shifts, further complicating the processing. In long-range radars where it is important to 
minimize loss, the nonlinear FM might be considered when low sidelobes are needed. 

Binary phase-coded pseudorandom waveforms were sometimes considered in the past 
for military pulse compression radar when it was originally believed they could provide 
some degree of security from deception jamming or spoofing. Shift-register codes might 
appear random, but by examining only a portion of the code, the rest of the code can be 
readily predicted. Geffe 97 pointed out that the connections of an n-stage shift register that 
generates binary coded waveforms can be determined by elementary methods from a 
knowledge of 2n — 1 successive digits of the shift-register sequence. Thus they have no 
inherent security. Nonlinear shift-register codes have many more options than linear shift- 
register codes and for this reason might be a little better for security purposes. Truly ran¬ 
dom codes might not have the limitation of pseudorandom codes; but even if these codes 
were fully crypto secure, they would not possess as low sidelobes as other pulse com¬ 
pression waveforms. Processing of binary phase-coded signals is more complex than for 
linear FM, and they require a filter bank to be employed when the doppler shifts are large. 

A brief comparison of the linear FM and the binary phase-coded pulse compression 
waveforms is given in Table 6.8. 

Polyphase codes have lower sidelobes than binary phase codes. They are not very 
doppler tolerant for large doppler-frequency shifts, but appear to be suitable for detection 
of targets with aircraft velocities. They could be of interest for pulse compression appli¬ 
cations, but have not been widely used. The sliding-window modification suggested by 
B. Lewis 55 appears to provide significantly lower sidelobes than any other pulse com¬ 
pression method but with a small loss in signal-to-noise ratio. 

Costas (frequency-hopping) codes achieve a particular pulse compression ratio with 
fewer subpulses than phase-coded waveforms. Their sidelobes appear to be almost the 
same as ordinary binary phase-coded waveforms. Many more different Costas codes of a 
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Table 6.8 Comparison of Linear Frequency Modulation and Binary Phase-Coded Pulse 
Compression Waveforms 


Property 

Linear FM 

Binary Phase-Coded 

Pulse 

Time sidelobes 

Good (—30 dB) when 
weighting on receive, and 
when a loss of about 1 dB 

can be tolerated 

Can be equal to 1/2/V, and are 
not easy to improve; poor 
doppler sidelobes 

Doppler 

Doppler tolerant 

Requires filter bank 

Ambiguity diagram 

Ridge 

Thumbtack (but with high 
sidelobes in plateau) 

Pulse compression 

Single filter can be used for 

Single filter can be used for transmit 

filter 

transmit and receive; usually 
analog for high resolution 

and receive, but with input at 
opposite end; usually digital 

Complexity 

Less complex, especially if 

Stretch can be used 

More complex, 

(requires filter bank) 

Application 

High resolution 
(wide bandwidth) 

Long pulses 

Other 

Range-doppler coupling; 
has been more widely used 
than other pulse 
compression 

Bandwidth limited by 
availability of A/D converter; 
erroneously thought to be less 
susceptible to ECM spoofing 



given length are available than can be obtained with binary phase codes. This property 
might be of interest in military radars concerned with operating against some forms of 
electronic countermeasures. 

Complementary codes and Hoffman codes that are supposed to produce zero side- 
lobes along the zero-doppler time axis have interesting theoretical properties, but have se¬ 
rious practical limitations that make their use in radar less likely. 

In engineering design when there is more than one possible method for accomplish¬ 
ing some desired objective, there is seldom one solution that is best for all applications. 
This applies as well to pulse compression. The radar designer should keep an open mind 
and examine the options carefully to determine the type of pulse compression waveform 
to be used for any particular radar application. 


TARGET RECOGNITION 

Early radars were “blob” detectors in that they detected the presence of a target and gave 
its location in range and angle, but could not provide much else about the type of target 
being detected. As radar resolution in range and cross-range improved over the years, 
it became possible to resolve the individual scattering centers of a target and inf er 
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something about its nature. Radar began to be more than a blob detector and could pro 
vide recognition of one type of target from another. 

Even without high resolution, radar has been able to recognize the general nature of a 
target, or scattering object, based on such information as its behavior in space and time. The 
frequency dependence of the cross section can also be a useful discriminant in some cases 
The various degrees of target recognition are listed below in increasing order of in¬ 
formation required for a decision: 

• General nature of target: Recognition that the echo on a radar display is that of an 
aircraft, ship, motor vehicle, bird, person, rain, chaff, clear-air turbulence, land clut¬ 
ter, sea clutter, bare mountains, forested areas, meteors, aurora, ionized media, or 
other natural phenomena. A trained and experienced radar operator with the right type 
of radar should be able to sort these broad classes of target echoes from one other. 

• Target type: This includes recognizing a fighter aircraft from a multi-engine bomber 
aircraft, a cargo ship from a tanker, a tracked military vehicle from a truck, chaff 
rather than a ship, a buried rock instead of a mine; or a surface-to-air missile site 
from a dump site. Sometimes this coarse form of recognition has been called per¬ 
ceptual classification. 

® Target class: This involves determining the particular class to which a target belongs 
among the many possible classes. For example, if the radar believes it is detecting an 
aircraft, is it an F-18, F-22, MIG-31, B-2, A-6, Rafale-2000, or something else? If 
the target is a ship, does it belong to the Aegis destroyer Class DDG-51, Aegis cruiser 
CG-47, Kara, Sovermeney, or so forth, or is the echo that of a chaff decoy? If it is a 
bird, is it a starling, mallard, or what else? The process of determining the class of 
the target is known as target classification. 

The above definitions are not standardized, so one needs to be careful when hearing 
or reading such terms to make sure their meanings are clear. Unfortunately, this is not al¬ 
ways the case in the literature of target recognition. 

The ultimate form of target recognition is target identification, which involves de¬ 
termining the actual name of the target, its serial number, or its side number. Identifica¬ 
tion of a target usually requires a cooperative system; that is, the target must cooperate in 
some manner with the identification sensor. The target has to have some form of com¬ 
munication system, data link, or transponder system that allows it to identify itself on a 
regular basis or when asked for its identification by an interrogator. Noncooperative tar¬ 
get recognition (NCTR) systems, of which radar is an example, obtain target recognition 
information without any cooperation from the target itself. In the case of radar NCTR, 
recognition is based on examining the characteristics of the radar echo signal received 
from the target. 

Military cooperative identification systems are called IFF, or Identification Friend or 
Foe. They have also been known as CAI, or Cooperative Aircraft Identification. In civil 
air-traffic control, cooperative identification methods are called ATCRBS, or Air-Traffic 
Control Radar Beacon System. IFF and ATCRBS are examples of question and answer 
systems, in that an interrogator asks the question, “who are you?” and a transponder on 
the target automatically answers “I am a friend and my name is ....” 
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The ability to perform noncooperative target recognition with radar depends on the 
type of target. Ships, for example, are easier to sort by class than aircraft since ships con¬ 
tain many more individual scatterers with which to recognize one class from another. Tar¬ 
get classification generally requires greater signal-to-noise ratio than does target detection 
since detection depends on the total signal energy, but target recognition depends on dis¬ 
cerning the details of the target echo signature. The many small scatterers on a target can 
sometimes be more important for recognition than the few large scatterers that are more 
important for detection. The need for large signal-to-nose ratio to detect the small scat¬ 
terers means that reliable target recognition usually occurs at a shorter range than does 
detection. 

Noncooperative target recognition methods are mainly of interest to the military. By 
contrast, civilian needs for aircraft target recognition are usually satisfied by cooperative 
methods, such as the ATCRBS. NCTR sensors, such as radar designed for that purpose, 
have the task of recognizing one class of target from many others that might be present. 
Both NCTR and cooperative methods are jointly used for the important military function 
of Combat Identification. When the target is a spacecraft or satellite, target recognition is 
sometimes called Space Object Identification, or SOI. Automatic Target Recognition, or 
ATR, is a name that could apply equally well to NCTR or combat identification, but it 
appears to be used mainly to describe automatic methods used for the recognition of mil¬ 
itary land targets. In the civilian sector, the use of radar and other sensors to determine 
the nature of the natural environment is known as remote sensing. Remote sensing radars 
observe precipitation, atmospheric effects, wind shear, birds and insects; determine the 
earth’s surface topography; explore planets and their moons (such as probing the surface 
of Venus beneath its ever-present cloud cover); and monitor ice conditions, the mean sea 
level, and the winds that drive the ocean surface. 98 

There are two aspects to target recognition. The first is to separate the target echo 
from its surroundings (such as clutter) and extract from the radar echo-signal information 
about the unique features of a target that can help distinguish one target from another. The 
second aspect is the method by which one makes the actual decision as to which class or 
type of target a particular radar signature belongs. The decision is usually, but not always, 
made automatically and is often based on classical pattern recognition methods or simi¬ 
lar decision-making methods. For example, known target signatures can be stored in a 
computer memory (a library) and when an unknown signature is measured, it is compared 
with the library of signatures to see which it matches best. (This is an overly simplified 
statement. The actual algorithms for target recognition can be quite sophisticated.) Only 
the first aspect, that of information extraction, is considered here. 

Target recognition, whether by radar, optics, or the human eye, is not 100 percent ac¬ 
curate. Even cooperative systems do not have accuracies approaching 100 percent.* A tar¬ 
get recognition method must be able to recognize one class of target out of many tens of 
classes with an accuracy of perhaps 85 percent or better before it can be taken seriously. 
Good target recognition methods might have accuracies of 95 percent or better, which is 


‘The accuracy of target recognition or identification can be no better than the "availability" of the equipment (where 
availability is the fraction of the time the equipment can be operable). Thus if a particular IFF or an NCTR has an 
availability of, for example, 95 percent, the accuracy of target recognition or identification obtained from such an 
equipment can be no better than 95 percent. 
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one error out of 20 decisions. There have been many radar target recognition methods 
proposed and explored; but only a few have been able to achieve the accuracy and relia¬ 
bility required, especially when the total number of targets to be recognized at any one 
time is large. For this reason, more than one type of recognition method is generally em¬ 
ployed in combination to increase the overall probability of a correct decision and ap¬ 
proach 100 percent accuracy of a correct recognition decision. 

When a target is moving in the presence of clutter, the clutter echoes can be filtered 
out by doppler processing, as in MTI (moving target indication) radar. If the target is sta¬ 
tionary in the midst of clutter, MTI is not applicable and some other technique must be 
used to separate the target from its surrounding clutter. Some of the target recognition 
methods mentioned here can be applied for such a purpose. Detection of nonmoving tar¬ 
gets is sometimes called stationary target indication (STI). 

In the remainder of this section, several target recognition methods based on radar 
will be briefly reviewed. All targets are assumed to be in the clear; or, if clutter is pres¬ 
ent, the targets are separated by some means from the clutter. 

One-Dimensional Imaging with High Range-Resolution Radar A radar with sufficiently 
high range-resolution can resolve the individual scattering centers of a target and provide 
the radial profile (the one-dimensional image) of the target. The radial profile might pro¬ 
vide a measure of the length of a target in the range dimension, but the true physical 
target-length usually cannot be determined accurately in this manner. The ends of the tar¬ 
get might not always provide large enough echoes to be detected, one of the ends might 
be masked by other parts of the target, or the aspect angle of the target with respect to 
the radar might not be known accurately. Even if the length could be measured with ac¬ 
curacy, it is not usually a good means for recognizing the particular class of most targets 
of interest. 

The radial profile of a 757 aircraft obtained with an L-band air-surveillance radar hav¬ 
ing 1-m range resolution is shown in Fig. 6.23." In the upper portion of the figure are 
superimposed seven time-aligned pulse-to-pulse radial profiles. The radial velocity of the 
target can be obtained by measuring the target movement from the first pulse to the last. 
The average of the seven time-aligned radial profiles is displayed in the lower part of the 
figure, from which a target dimension can be obtained. With a knowledge of aspect an¬ 
gle, a wingspan or aircraft length can then be estimated. Figure 6.23 is typical for a jet 
aircraft in that the individual resolved scatterers are relatively constant. A propeller air¬ 
craft, on the other hand, can have constant returns from the nose and the tail, but there 
can be large pulse-to-pulse fluctuations from the propellers, which make it possible to dis¬ 
tinguish a propeller aircraft from a jet. 

Figure 6.24 is a radial profile of a large naval ship using an X-band radar with a res¬ 
olution of about 0.3 m. As can be seen, the radial profile of this target remained relatively 
the same when measurements were obtained a year later. 

The radial profile has often been considered a potential method of aircraft target clas¬ 
sification. A serious difficulty exists, however, in that the details of the radial profile can 
change with only a small change in aspect. Masking of one part of the target by another 
can occur. If there is more than one scattering center within a radar’s resolution cell, the 
relative phases of each scatterer can change with a change in aspect. This causes 
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Figure 6.23 Radial profile of a commercial 757 aircraft obtained with an L-band radar with a 
range resolution of about 1 meter. Upper: the superposition of seven time-aligned pulse-to-pulse 
radial profiles. Lower: average of the seven profiles. Abscissa is in feet. 

I (Provided by G. Linde of the Naval Research Laboratory.) 

constructive and destructive interference and a change in the resultant cross section of the 
scatterers within the resolution cell. When creating a library of radial profiles to be used 
to match to an unknown profile, each target in the library has to be characterized by many 
reference profiles corresponding to different aspect angles. To make use of this library of 
reference profiles, the aspect angle of the unknown target must be estimated. (Observing 
the target’s trajectory is one method for estimating the aspect.) There might need to be a 
large number of reference profiles stored in computer memory for each target. Further¬ 
more, there can be many tens or even hundreds of classes of targets that need to be con¬ 
sidered. The use of high range-resolution for target recognition starts out simple but quickly 
becomes complex. The result is that the use of high-resolution radial profiles for target 
classification is not easy to achieve in practical situations. 100,101 
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Figure 6.24 Radial profile of the former U.S. Navy gun cruiser USS Baltimore obtained with an X- 
band radar of 1 -ft range resolution, (a) Outline of ship; (b) stern aspect; (c) bow aspect taken one 
year earlier than in (b). 

I (Provided by I. W. Fuller, formerly of the Naval Research Laboratory) 


Perceptual Classification Although it is difficult to use one-dimensional radial profiles 
of a target to recognize one class of target from another, it is possible to separate targets 
into a simpler set of general classes. This has sometimes been called perceptual classifica¬ 
tion. In the case of aircraft, G. Linde and C. Platis were able to show from the radial pro¬ 
file obtained with an L-band radar, having 1-m range resolution, that targets could be sep¬ 
arated into the following general categories: small or large jet-engine aircraft, small or large 
piopellei aircraft, helicopters, and missiles. The perceptual classification of aircraft does not 
always need a dedicated special purpose radar system. It can be achieved, for example, as 
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demonstrated by Linde, by employing a wideband air-surveillance radar using Stretch pulse 
compression to obtain high range-resolution as the antenna scans by the target. 

When employing high-resolution range-only information for the one-dimensional 
imaging of ships, it is possible to separate the ships into such categories as large ships, 
small ships, military ships, commercial ships, tankers, and aircraft carriers. Although per¬ 
ceptual classification is limited in its utility, the requirements on the radar are not as large 
as when determining the class of target. For reliable target classification other informa¬ 
tion usually is needed in addition to the radial profile. This added information can be the 
high-resolution cross-range profile, as discussed next. 

Two-Dimensional Radar Imaging of Targets The two-dimensional image of a target (in 
range and cross-range) can be obtained by use of an imaging radar such as synthetic aper¬ 
ture radar (SAR), inverse synthetic aperture radar (ISAR), or more conventional high- 
resolution radars such as the side-looking airborne radar (SLAR). 

Synthetic Aperture Radar SAR produces a high-resolution image of a scene of the 
earth’s surface in both range and cross-range. 102 It can produce images of scenes at long 
range and in adverse weather that are not possible with infrared or optical sensors. The 
theoretical cross-range resolution of SAR is Ax = Z>/2, where D is the horizontal dimen¬ 
sion of the SAR’s real antenna aperture. SAR does not, however, accurately image mov¬ 
ing targets. Moving targets can be seriously distorted and displaced from their true loca¬ 
tion. For instance, a railroad train, if it can be imaged at all, will be displaced from the 
track it is riding on. The motion of a ship target can be complicated because of its roll, 
pitch, and yaw. Also, all parts of the ship might not be moving rigidly together. Thus SAR 
is restricted to the recognition of stationary objects. One application of SAR is its mili¬ 
tary use for airborne surveillance of the battlefield and for imaging of fixed targets, as in 
the A-band Joint STARS. An A-band SAR image of a B-52 aircraft sitting on a runway, 
taken by Metratek, Inc., is shown in Fig. 6.25. Its resolution is about 1 ft. This might be 
compared with the ISAR image in Fig. 2.18 of a similar aircraft at VHF which has less 
resolution. (The resolution of published images, such as those in Figs. 6.25 and 2.18, is 
often degraded by the printing process and is not as good as that available from the orig¬ 
inal image that emerges from the processor.) 

Inverse Synthetic Aperture Radar ISAR can be considered as a radar in which the cross¬ 
range resolution is obtained by means of high resolution in the doppler-frequency domain. 
Each part of a moving target can have a different relative velocity with respect to the radar, 
especially if there is a large rotational component of the target’s motion. Resolution in 
doppler frequency will allow the various parts of a moving target to be resolved in the 
cross-range dimension. Resolution in range is obtained with either a short pulse or pulse 
compression so that a two-dimensional image is obtained. The cross-range resolution can 
be shown to be Ax = A/(2 Ad), where Ah is the change in aspect angle during the ISAR 
observation time and A is the radar wavelength. Thus cross-range resolution depends on 
the amount of angular rotation of the target during the radar observation time. Unlike SAR, 
ISAR takes advantage of the target’s motion to provide a two-dimensional image. 
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Figure 6.25 X-band SAR image of a 
B-52 aircraft sitting on a runway. 
Resolution is about 1 ft. The outline of the 
aircraft is shown for comparison. 

I (Courtesy of Ray Harris of Metratek, Inc.) 



SAR and ISAR are related in that they both require a change in the aspect of a tar¬ 
get.* In SAR, the target is assumed stationary and the radar is in motion. In ISAR. the 
target motion provides the changes in relative velocity that cause different doppler shifts 
to occur across the target. The doppler shifts from the individual scatterers are resolved 
by filtering. ISAR generally requires that a single large scatterer from the target be tracked 
to act as the reference. 

Figure 6.26 is an example of an ISAR image of a commercial ship obtained with an 
A-band radar with about 2 m resolution in range and cross range. 103 The pitch motion of 
a ship causes the top of the masts to have a higher velocity than the bottom of the masts 
or the superstructure. These differences in velocity cause different doppler shifts. Resolu¬ 
tion in doppler then allows the mast to be imaged. Along with conventional range resolu¬ 
tion, the pitching motion of the ship gives a vertical profile of the target along its length 
dimension. Roll motion also provides height information, but in the plane that includes the 
width of the ship. Roll is not that significant for recognition since the width of a ship is 
small compared to its length. Yaw motion of the ship gives a plan view of the target. As 
the ship pitches, rolls, and yaws, ISAR might produce a vertical profile along the major 
axis of the ship, or a vertical profile along the minor axis of the ship, or a horizontal plan 


*SAR and ISAR are variations of the same phenomenon. This is seen in ISAR by requiring a change in the target 
aspect of Ad = A/2Ax. In SAR the change in fixed-target aspect is determined by the beamwidth of the real radar 
aperture A6~ A/D. Using this expression for beamwidth in the expression for the SAR cross-range resolution Ax- 
D/2, it is found that Ax = A/2AP, which is the same as the ISAR cross-range resolution. 
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Figure 6.26 ISAR image, before 
image processing, of a commercial ship 
( 1 7 000 ion) obtained with an X-band 
radar having 2 m resolution. The 
vertical scale in this image is slightly 
exaggerated. Note that "radar eyes" 
are not like "optical eyes," yet useful 
information can be obtained from a 
series of such images. 

| (Provided by Ronald Lipps of the Naval 
I Research Labortary) 


view, or some combination of the three that results in the image appearing as a perspec¬ 
tive view. Since the angular rates of pitch, roll, and yaw are not generally known, an ISAR 
image does not represent true distances in cross-range, as it does in range. This doesn’t se¬ 
riously limit, however, the ability to recognize one class of ship target from the other. 

Since different ISAR images are obtained as the ship pitches, rolls, and yaws it might 
require many tens of seconds of observation to acquire images suitable for classification. 
For ship targets, relatively long observation times are not necessarily a serious problem 
since time is not as urgent as it would be for aircraft recognition. Sometimes an experi¬ 
enced operator can recognize the ship by simply viewing its ISAR image. In most cases, 
however, the operator has to employ a more structured technique, especially when there 
are a large number of possible ship classes to which a target might belong. An operator 
can use a combination of three different techniques: (1) measurement of the relative lo¬ 
cations of the major scatterers along the bow-stern axis, such as masts, superstructure 
breaks, guns, and missile launchers; (2) feature descriptions which characterize scatter¬ 
ing features by their degree of match to descriptive templates such as the shape of the 
stem (straight, curved, or rounded) or the type of masts (pole, lattice, or solid); and (3) 
shape correlation by visually comparing on the same display a single ISAR image with 
a superimposed wire-frame model of the candidate target which has been transformed to 
match the orientation of the target image produced by the ISAR. 

Ships are generally large radar targets so that with a good radar the range at which 
ship recognition can be performed is basically limited by the horizon. It can be tens of 
miles with a ship radar, 200 miles with an aircraft radar, or much greater ranges with a 
spacebome radar. 

The classification of aircraft with ISAR is much more difficult than the ISAR clas¬ 
sification of ships. First, an aircraft has many fewer scattering centers than does a ship. 
With fewer scattering centers or features presented by the unknown target, the recogni¬ 
tion decision will be less accurate. (ISAR images of an aircraft have seldom been shown 
in the past without an outline of the aircraft superimposed to allow the viewer to recog¬ 
nize what is being seen.) Second, an aircraft does not usually experience the relatively 
large pitch, roll, and yaw motions of a ship, so that the cross-range resolution might not 
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be good enough to isolate the scattering features important for target recognition. Since 
resolution depends on having a sufficient change of aspect angle, the aircraft must be ob 
served for a relatively long time if it is moving on a straight-line path. Usually a deliber 
ate maneuver by the target aircraft is needed in order to obtain the required change J n 
viewing aspect (A0) needed for acceptable high-resolution ISAR imaging. Third, aircraft 
have much smaller radar cross sections than do ships. Therefore, the ranges at which 
aircraft recognition can be performed, even if the other two limitations are not present 
will be much less than those obtained with ships. These difficulties combine to make ISAR 
imaging of aircraft less attractive than the ISAR imaging of ships. 

Although microwave ISAR might not provide aircraft target recognition as well as it 
does ship recognition, it has been successfully used as a diagnostic tool for understand¬ 
ing the nature of radar scattering from aircraft and the design of low radar cross-section 
aircraft. Radar images of aircraft in flight can be obtained from both ground-based and 
airborne radars, 104 so long as sufficient relative motion is achieved between the radar and 
the target. An ISAR image of a KC 135 jet aircraft (a military version of the Boeing 707) 
was shown in Fig. 2.18. 105 The aircraft to be imaged flies behind the aircraft carrying the 
imaging radar in its tail. The radar aircraft maneuvers from one side to the other so that 
its radar can obtain the relative velocity (and doppler shift) needed to produce an image. 
Whether one calls this radar an ISAR or a SAR is immaterial. It relies on the relative mo¬ 
tion between the imaging radar and the various scatterers that make up the aircraft to be 
imaged. The advantage of this high-resolution imaging method is that the individual scat¬ 
terers that contribute to the backscatter echo can be readily recognized and their contri¬ 
butions to the total target cross section can be determined. 

An innovative, experimental aircraft-recognition radar is that reported by Stein¬ 
berg 106,107 to observe commercial aircraft flying into Philadelphia International Airport. It 
employed a ground-based ISAR to image aircraft passing at relatively close range (typi¬ 
cally 3 km). Target aircraft were viewed by the radar in the vicinity of broadside where the 
rate of change of angle was large so that good cross-range resolution was obtained. A sin¬ 
gle transmitter was used with two receivers. One receiver was colocated with the trans¬ 
mitter, the other was separated by 25 m. Both were operated as monostatic (single-site) 
radars. Their physical separation allowed two different target images to be obtained. A third 
image was obtained by operating the two receiving antennas as an interferometer. The re¬ 
sulting highly processed image of an L-1011 commercial aircraft, with 47-m wingspan and 
54-m length, is shown in Fig. 6.27a, along with a plan view drawing of the L-1011 (Fig. 
6.27b) for comparison. Figure 6.27a is not that of a single image, as is Fig. 6.27c, but is 
the superposition of the three images mentioned above (one from each receiver and the two 
as an interferometer) as well as the inverted images of the three so as to take advantage of 
the known symmetry of the aircraft about the longitudinal axis. This is an exceptionally 
good “ISAR” image because of the short range, large signal-to-noise ratio, large change in 
aspect angle, diversity overlay of multiple images, lack of clutter, and inclusion of the in¬ 
verted images so as to depict scatterers that might have been masked by the fuselage or 
the tail. For comparison, several range profiles of the same L-1011 aircraft are shown in 
Fig. 6.28 at different aspect angles to illustrate the dramatic change in profile with aspect. 

Generally, aircraft in normal (nonmaneuvering) flight do not change their aspect an¬ 
gle sufficiently to make good ISAR images with X-band radar. Also there are few 
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Figure 6.27 (a] ISAR radar image of an L-1011 aircraft made up by superimposing three 

independent images along with their individual inverted images (see text), (b) Outline drawing of the 
same aircraft shown for comparison, (c) One of the single images that was used as a part of (a). 

1 (Courtesy of Prof. Bernard Steinberg of the Univ. of Pennsylvania.) 


Figure 6.28 One-dimensional profiles of 
the Lockheed L-101 1 as a function of 
aspect angle, obtained from Fig. 6.27a. 
Head-on aspect occurs at a = 0 deg; 
positive angles view the port side of the 
aircraft. 

I (Courtesy of Prof. Bernard Steinberg of the 
I Univ. of Pennsylvania.) 
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distinctive features in an aircraft image that allow it to be recognized from other simil ar 
aircraft. Thus ISAR imaging of aircraft in normal flight has been disappointing. The ISAR 
imaging of aircraft at W band (94 GHz), however, requires only one tenth the change of 
target aspect necessary at X band for the same resolution. Because scattering occurs f rom 
variations in the target surface that are comparable to the radar wavelength, it is also likely 
there will be more scatterers imaged at millimeter waves than at lower frequencies if the 
signal-to-noise ratio is high enough. In one experimental investigation, 108 it was found 
that, compared to ISAR images at X band, ISAR images of a small Piper Navajo aircraft 
made at 49 GHz “showed scattering from small details that tended to fill in the target 
shape and produce an outline view of the target.” Furthermore, the target cross section at 
49 GHz, when averaged over 360°, was 8 dB greater than the 9-GHz cross section. The 
largest increase was 19 dB, and was at nose-on incidence. Millimeter-wave ISAR, there¬ 
fore, should produce better results than does ISAR at the lower frequencies. 

Earth-based radars were used in the past to make ISAR images of the moon, Venus 
and Mercury; but this technique has been replaced by planetary SAR radars that can or¬ 
bit close to a planet and obtain superior resolution than an earth-based radar. ISAR fo r 
planetary exploration was called delay-doppler mapping by the radar astronomer. 109 

Radar Cross-Section Modulations Radar echoes from moving parts of a target can help 
recognize one type of target from another or determine the class to which a target 
belongs. Modulations of the radar backscatter due to propellers, helicopter rotors, jet en¬ 
gines, tank treads, rotating antennas, rotating machinery, the wing beat of birds and 
insects, and even the heartbeat of a human are examples that might be employed for tar¬ 
get recognition. Narrowband (long pulse) as well as wideband (short pulse) waveforms 
can be used for extracting these modulations. 

Propeller Modulation Aircraft propellers cause a distinctive modulation of the echo sig¬ 
nal. The modulation depends on the rotation rate of the engine, the aspect angle, the num¬ 
ber of blades on the propeller, and the shape of the propeller. An example of the doppler 
spectrum obtained with a coherent S-band radar is shown in Fig. 6.29 for a DC-7 aircraft, 


Figure 6.29 Spectrum of the 
propeller modulation from a DC-7 
four-engine commercial aircraft 
taken with an S-band radar and 
one-second dwell time. 

(From R. Hynes and R. E. Gardner of 
the Naval Research 
Laboratory." 0 - 116 ] 
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a four-engine propeller-driven commercial aircraft. 110,111 The “airframe doppler-line” is the 
doppler frequency shift from the aircraft itself. The low-level amplitude modulation of the 
airframe doppler signal is caused by the propeller blade “chopping” a portion of the radar 
energy reflected from the airframe. At a frequency lower than the airframe line, there are 
spectral lines due to the radar echo from the rotating propeller blades themselves. 

Propeller modulation has not been used to recognize one type of propeller aircraft 
from another, but its absence can be used to readily distinguish a jet-engine aircraft from 
a propeller-driven aircraft. In a high-resolution imaging radar, propeller modulation might 
locate the position of the engines, which could be helpful for target recognition. 

Helicopter Blade Modulation Helicopters can be distinguished from fixed-wing aircraft 
by the characteristic modulation of the radar echo that comes from the rotating blades and 
the rotating hub structure supporting the blades. 

A “blade flash” occurs every time one of the rotating blades is perpendicular to the 
radar beam direction. 112,113 In this position the radar cross section is a maximum. For a 
two-blade rotor, there are two flashes per revolution. Rotors with an even number of blades 
produce a number of flashes per rotation equal to the number of blades. An odd number 
of blades produce twice the number of flashes per revolution as the number of blades. 
(This can be verified by drawing a sketch and noting that there will be a separate flash 
from the front and rear when there are an odd number of blades, but a simultaneous flash 
from a front and a rear with an even number of blades.) The linear speed at the tip of the 
blade of helicopter is not highly dependent on the type of helicopter. It varies from about 
210 to 230 m/s. If L = the length of the blade in meters, N = number of blades, and the 
speed of the tip is taken to be 210 m/s, the blade period in seconds for an even number 
of blades is 

l6 - 501 

The period for an odd number of blades is one half that for an even number. Collot 112 
points out that the blade period can be used to separate one type of helicopter from an¬ 
other since the rotation speed is constant whatever the type of flight. 

Collot also states that the radar cross section, in square meters, for the blade flash is 
approximately aL 2 / A, where L = length of-the blade, A = wavelength, and the constant 
a = 0.5 for the front edge of the blade and 0.1 for the trailing edge. (The front edge has 
a higher cross section than the trailing edge since it is blunt and the trailing edge is 
sharp. 114 ) Because of the difference between front and rear cross sections, a rotor with an 
odd number of blades will have alternating values for the blade flash (since the front edge 
and rear edge are not seen simultaneously). The echoes from the blade flash with an even 
number of blades, however, will be the same strength each time. The duration of the blade 
flash depends on the rotor speed, the length of the blade, and the radar wavelength. As¬ 
suming that the reflection from the blades can be approximated by a (sin x)/x relation and 
that the angular extent of the reflected echo is A/L radians, the duration of the blade flash 
is approximately tj = A/420 for an even number of blades and twice this for an odd num¬ 
ber (again assuming that the velocity of the blade tip is 210 m/s). At X band, with A = 
3.2 cm, the duration of the flash with an even number of blades is about 75 /is. 
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The intermittent nature of the short-duration helicopter blade flash might go u nno 
ticed if the time on target is less than the time between flashes [which is the blade period 
of Eq. (6.50)]. In order that the helicopter blade flash be intercepted by the radar, a hi h 
prf and a long time on target are required. ’ ° 

The frequency spectrum of the radar echo from a helicopter has energy about the air 
frame doppler line due to reflections from the rotating hub that holds the blades. The he 
licopter spectrum will be asymmetrical since the echo from the approaching blade will be 
at a higher frequency than the airframe line and be of a larger amplitude than the echo 
from the receding blade at a lower frequency. Collot states that recognizing that an echo 
is from a helicopter and not a fixed wing aircraft is “immediate,” and the recognition “of 
the type of helicopter is given in a very short time with a probability better than 95 per . 
cent.” (He does not state, however, how many different types of helicopters were involved 
in obtaining this probability.) 

In addition to the characteristic features mentioned above, the classification of heli¬ 
copters might also include the echo characteristics of the tail rotor, whether there are sin¬ 
gle or twin rotors, and the configuration of the rotating hub. 115 Bullard and Dowdy 113 
point out that to recognize a helicopter based on the spectral characteristics of its echo 
signal, the radar signal sampling must be at the Nyquist rate or higher to prevent alias¬ 
ing. For X-band radar they state that a minimum prf of 30 kHz is required. 

Jet-Engine Modulation (JEM) The radar echo from a jet-engine aircraft will be modu¬ 
lated by the engine’s rotating compressor when looking in the vicinity of the nose. There 
might also be radar echo modulations from the turbine when looking from the rear of the 
aircraft; but these usually have a much smaller echo than the echo from the compressor. 110 
The characteristic modulations of the radar echoes from aircraft can be used for recog¬ 
nizing one type of aircraft from another, or more correctly, one type of aircraft engine 
from another. Even though the jet engines are set back at a distance from their air intake 
and are entirely enclosed except for intake and exhaust ducts, there usually is sufficient 
propagation down the duct at microwave frequencies to obtain an echo signal from the 
compressors. Radar echoes from the compressors are sometimes obtained out to angles 
60 deg from the head-on." 6 

An example of the jet-engine modulation (JEM) produced by a multiple-engine jet 
viewed head-on by an X-band radar is shown in Fig. 6.30. 110 Shown in this spectrum are 
the airframe line and the lower frequency sidebands of the compressor modulation. The 
component labeled c is displaced from the airframe line by a frequency A/ = nb c , where 
n is the number of revolutions per second of the compressor and b c is the number of blades 
on the first-stage compressor. There are other engine spectral components that are dis¬ 
placed from the airframe doppler line by integer multiples of A f. The upper sidebands (not 
shown here) are symmetrical in frequency with the lower sidebands (with reference to the 
airframe line), but are lower in amplitude. Because of the high rotation speed of the en¬ 
gine components, aircraft jet-engine modulations are likely to be as high as ten to twenty 
kilohertz at X band. This requires high sampling frequencies (prfs) to "avoid aliasing. 

Mathematical analysis of jet-engine modulations indicates that the overall JEM signal can 
be decomposed into an amplitude modulation component and an angle (phase or frequency) 
modulation component that can be considered separately. The details of the line spectrum of 



■ 


6.6 Target Recognition 383 



Figure 6.30 Spectrum of a multi-engine jet aircraft taken at 0 deg aspect angle showing the 
airframe line due to the aircraft's relative velocity and modulations from the compressor. 

I (From R. Hynes and R. E. Gardner of the Naval Research laboratory. 110,1,6 j 


the echo signal depend on many things including the number of blades on the first and sec¬ 
ond stages of the compressor. A minimum time of observation is needed to obtain a mean¬ 
ingful spectrum suitable for target recognition, which is said to be at least 25 ms. 117 


Polarization Response and Target Recognition The radar echo from a target can be af¬ 
fected by the polarization of the radar signal. Many research engineers have hoped that 
the differences in the echo from targets viewed with different polarizations might be used 
as a means for distinguishing one from another. 118 This is possible in simple cases, as, 
for example, distinguishing between a long thin rod and a sphere by using a rotating lin¬ 
ear polarization (rotating electric field vector). 

In the more general situation with realistic targets, such as aircraft, there have been 
many attempts to use the polarization matrix of the target echo and other polarization de¬ 
scriptors 119-121 for target recognition. Target recognition by means of polarization generally 
requires measurement of what is called the polarization matrix. This is obtained from the 
radar echo signals received on both horizontal and vertical polarization when horizontal is 
transmitted, and on the received horizontal and vertical polarization signal when vertical is 
transmitted. The polarization matrix is a 2 X 2 complex scattering operator (phase as well 
as amplitude) that characterizes a target’s scattering properties. It may be expressed as 

r. _ S HH S V H 

S H v Sw 


[6.51] 
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where the first subscript represents the polarization of the receiving antenna and the sec¬ 
ond subscript is the transmitted polarization, H is for horizontal polarization and V is f or 
vertical polarization. For example, S HV is the complex target backscatter signal (ampli¬ 
tude and phase) received with a vertically polarized antenna when a horizontally polar¬ 
ized signal is transmitted. The HH and W are both co-polar components and the HV and 
VH are both cross-polar components. In general HV = VH. 

Although theory might indicate that the polarization response of a target depends on 
the nature of the target, there has not been the desired success in applying polarimetric 
methods for practical target recognition. There are several reasons why this has been so: 
(1) Multipath signals from the surface of the ground or from clutter and structures along 
the propagation path can modify the polarization of the signal. (2) Practical antennas are 
limited in the purity of their polarization response, and there is always some finite re¬ 
sponse to the cross polarization which sometimes might be relatively large. (3) The two 
orthogonal polarizations (horizontal and vertical) have to be transmitted on different pulses; 
and if the target changes its aspect during the time between pulses, the polarization re¬ 
sponse will be distorted. (4) Multiple (unresolved) scatterers or targets within the radar 
resolution cell will result in a composite signal with a polarization different from any of 
the individual scatterers. Giuli 122 in his classic paper on polarization diversity states that 
low-resolution radars “intrinsically provide quite limited classification properties.” He 
points out, however, that wideband radars that can resolve the individual scatterers of a 
target might make exploitation of the polarization information more profitable by avoid¬ 
ing the changes in echo polarization caused by unresolved scatterers. 

Even though the use of polarimetry for target recognition has excited much interest, 
one can conclude that as a means for recognizing complex targets its effectiveness in the 
past has been disappointing. 

Other Radar Target Recognition Methods Several other radar methods for the recognition 
of targets are briefly mentioned below. Most can be thought of in terms of aircraft recog¬ 
nition, although they are not limited to aircraft. 

High Range-Resolution with Monopulse 123 The use of monopulse radar for target 
tracking in angle was discussed in Sec. 4.2. If the monopulse radar has sufficiently high 
range-resolution so as to isolate the major-scattering centers of a target, then a mea¬ 
surement of the angular location of each scatter in azimuth and elevation can be made. 
Thus high range-resolution with monopulse can provide a 3D-like “image” of a target 
that might be used for target recognition. In addition to requiring high range-resolution, 
a limitation is that the range must be short enough so that angle measurements can be 
made with enough accuracy to obtain adequate cross-range measurements of the major 
scatterers. 

Fluctuations of Radar Cross Section with Aspect Angle Section 2.7 indicated that small 
changes in the aspect angle of complex (multiple scatterer) targets can cause major changes 
in the radar cross section. This has been considered in the past as a means for target recog¬ 
nition, but it has not had much success. In some respects this method is related to the 
imaging of moving targets by means of IS AR, discussed previously, except that the highly 
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successful ISAR technique employs both phase and amplitude. Only amplitude informa¬ 
tion is available when cross-section variations are observed. 

Resonance Region Response There have been several methods proposed for target 
recognition based on using a number of distinct frequencies in the resonance region of 
target scattering. (In the resonance region the dimensions of the target are comparable to 
the radar wavelength.) One method is derived from the ramp response of a target and de¬ 
velops a so-called feature space based on the amplitude, phase, and/or polarization of each 
distinct frequency that observes the target. 124,125 A related method employs the complex 
natural resonances, or poles, of the target to characterize the target. 126,127 The Singular¬ 
ity Expansion Method has also been applied to the target recognition method that employs 
frequencies in the resonance region. 128 

These methods have a good theoretical basis; they generally do not depend on know¬ 
ing the target aspect angle; and they have been tested with computer simulations and ex¬ 
perimental model measurements at scaled frequencies. They are not practical, however, 
for most applications of target recognition since they require frequencies in the resonance 
region, which for aircraft targets would be in the HF portion of the spectrum. For ships, 
even lower frequencies would be required. These recognition methods depend on the so- 
called late-time scattering due to creeping waves that travel around the target. Even if 
long radar wavelengths were no problem, it has been pointed out 129 that the effect of noise 
can mask the creeping waves that occur beyond the first creeping wave so that there might 
not be enough information to determine the complex resonances. 

Another related method is to transmit a radar waveform that is based on knowing 
ahead of time the natural resonances of the target so that the desired target echo signal 
can be readily recognized from the echo signals from targets with a different set of nat¬ 
ural resonances. One such method is called K-pulse; another is called E-pulse. no They 
require that the radar transmit a special signal for each target to be recognized. Rather 
than transmit special waveforms it might be better to transmit a more normal wideband 
radar pulse and perform target recognition by convolution processing in the receiver to 
recognize a particular target signal. 131 

Since they have been difficult to apply in practice, the above resonance region meth¬ 
ods have been more of academic interest than for practical target recognition applications. 

Nonlinear Scattering Effects When a metal comes into contact with another metal, ox¬ 
ides can form and the junction can act as a nonlinear diode. A radar echo signal reflected 
from such a metal-to-metal junction will contain higher harmonic components, with the 
third harmonic usually being the largest. 132-134 Thus if a frequency /, is transmitted, de¬ 
tection of the third harmonic, 3/j, indicates that the scatterer has metal-to-metal contacts. 
This nonlinear response has been of interest as a possible method for recognizing certain 
types of metallic targets. If the third harmonic of the echo signal is used, the transmitted 
signal must not have significant third-harmonic radiation of its own. A method for avoid¬ 
ing the third harmonic problem is to simultaneously transmit two frequencies /j and / 2 , 
and tune the receiver to a strong cross-product such as 2f] ± f 2 . The use of nonlinear tar¬ 
get properties for radar has sometimes been called METRRA, which stands for Metal 
Reradiating Radar. 
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The amount of signal returned from a nonlinear contact at a harmonic frequency j s a 
nonlinear function of the incident field strength. Thus the nonlinear target cross section 
depends on the peak power. The normal radar equation does not apply. 135 ' 136 The range 
dependence in the radar equation might be as the sixth power or higher, instead of the 
usual fourth power. Because of the nonlinearity, in this specialized case high peak power 
is more important for detection than is high average power. 

Although radar detection based on harmonics produced by nonlinear metal-to-metal 
contacts has some interesting attributes for applications (such as detection of stationary 
targets in clutter), it is difficult to apply since the echo signals at frequencies other than 
those transmitted can be very weak. 

A related effect is based on the modulation of the scattered signal when metal-to- 
metal contacts are opened and closed so that the current distribution on a metal target is 
modified. 137 An example is the intermittent contacts due to the moving wheels of a train. 
This effect is sometimes called RADAM, which means Radar Detection of Agitated Met¬ 
als. 138 The echo signals from RADAM are usually too weak to be of interest for satisfy¬ 
ing the needs of target recognition. 

Target Track History In military operations it is important to determine whether a tar¬ 
get held in track by a radar is a friend or is a hostile threat. There are several military 
recognition or identification methods that might be used for separating friend from foe; 
but the radar itself might be able to assist in the recognition task based on the history of 
a target’s track. If one knew where an aircraft or ship originated, where it has been, and 
what it is currently doing, it ought to be possible in many cases to determine whether the 
target is potentially hostile or not. A radar with a good automatic tracking system and 
with adequate memory is required, as well as logic to recognize the trajectories of po¬ 
tentially hostile targets from ones that are not. 

In some cases, military aircraft recognition is accomplished by having friendly air¬ 
craft fly in pre-designated corridors in a known manner that the radar is able to observe. 

Signal Intercept and Direction Finding Combined with Radar So far, this section has 
been concerned with radar methods for recognizing one target from another. Sometimes, 
however, the use of radar with other sensors can have a synergistic effect on the quality 
of target information. An example is the use of an electronic warfare intercept receiver (a 
part of ESM, or Electronic Support Measures*) and direction finder (DF) in combination 
with a radar. The intercept receiver might be able to recognize the type of target by the 
characteristic signals it radiates. The direction to the target can be obtained by the DF, but 
electronic warfare equipment usually cannot obtain the target’s location in range. Radar, 
on the other hand, provides target location and track. The two together can locate, track, 
and obtain target recognition if the radar target track can be properly associated with the 
DF angle track. The angle accuracy of ESM/DF is often much poorer than the angle ac¬ 
curacy of radar. Nevertheless, algorithms can be developed that allow the ESM/DF in¬ 
formation to be associated with a target under track by the radar so that target recogni¬ 
tion provided by the ESM can be applied to the radar target under track. 139-141 


I *ESM is also known as Electronic Warfare Support, or ES. 
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Target Recognition Applications There are many areas of application where the radar 
recognition of a target echo signal is important. Some have already been mentioned pre¬ 
viously in this subsection, others are briefly described below. All of these require the in¬ 
telligent extraction of information from a radar signal, a radar capability which this chap¬ 
ter has tried to introduce. 

Military Combat Identification Studies of fratricide, which is the unintentional inflic¬ 
tion of casualties on one’s own forces, show that fratricide occured in past military hos¬ 
tilities at rates that typically vary from 10 to 20 percent, or greater. 142 Casualties from 
“friendly fire” have been considered by the military as an unwelcome consequence of war 
that needs to be kept to a minimum. To minimize the fratricide rate, military forces em¬ 
ploy a number of recognition and identification methods as well as strict rules of en¬ 
gagement. Reliable, accurate, and secure combat identification is necessary to reduce frat¬ 
ricide, Both cooperative and noncooperative methods are employed in combination to 
increase the probability of a correct decision in a timely manner. The particular methods 
differ depending on whether the target is an aircraft, ship, ground vehicle, or the soldier 
on the ground. Radar target-recognition methods include engine modulations, track his¬ 
tory, SAR, and ISAR. 

Ballistic Missile Target Discrimination Defending against a single ballistic missile is a 
demanding task, but it can be done. The difficulty in ballistic missile defense escalates 
tremendously when the reentry vehicle carrying the warhead is accompanied by penetration 
aids that might consist of the spent booster tank or the many fragments from the tank after 
it has been deliberately exploded, the very many pieces of chaff that can be launched in 
space to accompany the reentry vehicle, solid fuel fragments, separation debris, and the de¬ 
liberate use of inflated decoys that resemble the reentry vehicle. One of the fundamental 
challenges in ballistic missile defense, therefore, is to determine which element in the multi¬ 
element threat complex is the lethal object to be destroyed or made ineffective. 143 If the 
reentry vehicle is engaged by the defense after it reenters the earth’s atmosphere, the drag 
introduced by the atmosphere causes the lightweight penetration aids to slow down much 
faster than the heavier high-speed reentry body. Thus the atmosphere separates the warhead 
from the penetration aids. A serious limitation of this tactic is that it results in a relatively 
small defended area. If, on the other hand, the ballistic missile threat is engaged outside of 
the atmosphere so as to achieve a large defended area, then there needs to be some way in 
which the threatening warhead can be distinguished from the “junk” that accompanies it. 
The use of radar in such a role is called ballistic missile target discrimination. 

Meteorological Observation The original weather radars used for many years by the 
National Weather Service determined the presence of rainfall and estimated the rainfall 
rate. These were replaced in the early 1990s with the 5-band Nexrad (WSR-88D) doppler 
weather radar, 144 which was designed to obtain much more information about the weather, 
other than it is raining somewhere. In addition to determining rainfall as a function of 
azimuth and height, Nexrad employs the doppler frequency shift to estimate wind speed 
as a function of direction and height in order to detect and measure damaging winds, se¬ 
vere turbulence, dangerous wind shear, and recognize the onset of tornadoes. Nexrad 
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differentiates hail from heavy rainfall, determines the tops of thunderstorms (an indicator 
of the intensity of such storms), and detects and tracks severe storms and mesocyclones 
There are about 40 different weather products that can be generated by the WSR-88D 
radar. 14:> These are processed automatically and displayed to an operator for further ac¬ 
tion. The extensive processing is such that the trained operator need not be a professional 
meteorologist to readily employ the information presented by the radar. Nexrad is a good 
example that radar need no longer be a “blob” detector! 

Battlefield Surveillance The V-band Joint STARS airborne radar system employs a SAR 
mode for generating a maplike image of the battlefield and a GMTI mode for detecting 
moving targets. These two modes allow the recognition of terrain features, roads, fixed 
structures, military forces, artillery, and stationary as well as moving vehicles. Detection 
of moving vehicles is readily accomplished with modem GMTI methods. The radar de¬ 
tection of stationary ground targets of military interest is a classical radar application, but 
recognizing what type of target is being seen by the radar can be difficult. To be useful for 
target recognition, a radar should be able to distinguish tanks from trucks and from ar¬ 
tillery. It would be even better if the type of tank or type of artillery could be determined. 

Vehicles are difficult to recognize with radar since they have only a relatively few 
distinctive scattering centers. This is in contrast to a ship target that has many scattering 
centers, which makes recognizing one class of ship from many other ship classes achiev¬ 
able based on its ISAR image. Although the writer is not aware of a documented source 
defining the minimum number of distinctive scatterers needed for classifying targets, it 
appears that perhaps a dozen (more or less) individual scatterers might be necessary in a 
target image for reliable classification. The minimum number will depend, of course, on 
the type of target and the number of different target classes that have to be sorted. The 
number of scatterers defining a target might have to be greater if there are a large num¬ 
ber of different classes of targets that have to be distinguished from one another. With 
both military aircraft and ships, the number of different classes that might be encountered 
range from many tens of target classes to more than a hundred if worldwide operation is 
expected. 

As mentioned previously, determining the type of military land target seen by a SAR 
is called automatic target recognition, or ATR. 146 Radar ATR of land targets of military 
interest is complicated by the military tactic, of hiding targets among the trees and other 
vegetation that can contaminate the target’s echo signature as well as interfere with detec¬ 
tion when the clutter echo is large. Thus ATR involves some method of STI (stationary tar¬ 
get indication) to detect targets in the midst of clutter as well as foliage penetration. Fo¬ 
liage penetration requires operation at the lower radar frequencies, such as VHF, where the 
attenuation in propagating through trees and underbrush is lower than at microwave fre¬ 
quencies. Recognition of targets also requires very wide bandwidths to isolate the target’s 
scatterers. Wide bandwidth combined with VHF results in ultrawideband (UWB) SAR. 147 

The interpretation of SAR images of terrain and populated areas has also been used 
in the civilian world for adding to the base of Geographic Information Systems (GIS), 
which use such information for land usage and planning, urban development, natural re¬ 
source management, and topography. 
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Other Applications of Radar Information Extraction Radar has been used for recog¬ 
nizing one species of birds from another by means of the modulation on the bird’s radar 
echo signals thought to be due to the characteristic beating of its wings. 148 Doppler radar 
can be used to detect the heartbeat and breathing of humans, even when located behind 
a cinder-block wall. 149,150 Radars can readily detect buried land mines, but the challenge 
has been to recognize the echo of a mine from the echoes from the many other under¬ 
ground objects that can be present, such as rocks, tree roots, debris, and changes in the 
underground surface characteristics. 
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PROBLEMS 

6.1 (a) Sketch the rms range error (in meters) for a quasi-rectangular pulse with a half-power 
pulse width of 2 /as, as a function of the peak-signal-lo-mean-noise ratio (2 E/N 0 ) over the 
range of values from 10 to 60 dB. (b) Why might it not be appropriate to consider sig- 
nal-to-noise ratios below 10 dB and above 60 dB? 

6.2 Derive the rms error in measuring the time delay for a gaussian pulse of half-power width 
r[Eq. (6.17)]. 

6.3 Based on the measurement of doppler frequency shift, sketch the rms error of the radial 
velocity (in meters) as a function of the width r of a rectangular pulse when the pulse 
width varies from 1 (as to 10 ms for (a) constant pulse energy and (b) constant peak power. 
The frequency is 5400 MHz. Assume in both cases that 2 E/N 0 = 36 when the pulse width 

is 1 fAS. 

6.4 (a) What is the minimum width r of a rectangular pulse that can be used with an X-band 
radar (9375 MHz) if it is desired to achieve a 10 kt radial velocity accuracy (based on the 
doppler frequency measured by a single pulse), when 2E/N 0 = 23 dB? (b) What is the 
minimum range (in nautical miles) that corresponds to this pulse width? (c) In part (a) of 
this question, what should be the value of 2E/N 0 (in dB) to achieve a 10 kt radial veloc¬ 
ity accuracy if the pulse width can be no longer than 10 |xs? (d) What would be the min¬ 
imum pulse width in (a) if the radar operated at W band (94 GHz)? (e) Comment on the 
utility of accurately measuring the velocity with a single short pulse. 

6.5 There are two methods for finding the radial velocity of a target. One is based on the 
doppler shift f d = 2v,./A; the other is based on the rate of change of range with time AR/At. 
They give different measurement accuracies, (a) What is the expression for the radial 
velocity error, Sv d , found by measuring the doppler frequency shift of a long quasi-rec¬ 
tangular pulse of width t and RF frequency / 0 ? (b) What is the expression for the radial 
velocity error, 8v r , found from the rate of change of range based on two range measure¬ 
ments Ri and R 2 separated by a time t, so that the velocity is v r = (R 2 - R i )/r, and t is 
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the same as the pulse width of the doppler measurements? The pulses in this range-rate 
measurement are of gaussian shape with a half-power bandwidth B [use right-hand side 
of Eq. (6.17)]. Assume the total value of 2 E/N 0 in each of these two methods for radial 
velocity measurement [(a) and (b)] is the same, (c) What is the value of 8v d /8v r 7 (d) Based 
on your answer in (c), which is the more accurate method of velocity measurement, the 
doppler method or the range-rate method? (e) Under what conditions will these two meth¬ 
ods give comparable accuracies (assuming the same total 2E/N 0 )2 (f) Why do you think 
the doppler method has not been used very often for a velocity measurement? 

6.6 (a) What value of 2 E/N 0 (in dB) is required to achieve an angular accuracy of 0.3 mrad 
when the antenna beamwidth is one deg, assuming the antenna has a cosine aperture il¬ 
lumination? (b) If the signal received by this radar antenna has a value of 2 E/N 0 = 23 dB 
for a particular target at a range of 150 nmi, at what range will the radar first be capable 
of obtaining an angular accuracy of 0.3 mrad? 

6.7 Determine /3 a (the product of the effective pulse width (3 and the effective time duration 
a) for the following: (a) gaussian pulse, (b) triangular pulse, and (c) quasi-rectangular 
pulse. (Use the expressions for [3 and a already given in the text.) (d) Based on the above 
answers, how much flexibility is there in selecting one of these simple waveforms to 
achieve a large value of /3a for the purpose of making an accurate measurement of both 
time delay and frequency? (e) What option, other than a large (3a, is available for ob¬ 
taining an accurate measurement of both time delay and frequency simultaneously? 

6.8 Derive the rms error in measuring frequency for a rectangular pulse of width t (Eq. 6.24). 

6.9 How is the rms error in measuring frequency affected when the width of a rectangular 
pulse is increased by a factor of four, with the peak power remaining constant? 

6.10 (a) A K-band (24.15 GHz) radar speed-gun, used for measuring the speed of an auto or 
a baseball, has a claimed accuracy of 0.1 statute mile/hour. If the signal-to-noise ratio 
(2 E/N 0 ) is 17 dB, what observation time is needed to achieve this accuracy? (b) How far 
does a car with a speed of 60 mph travel during this time? (c) Assuming the same ober- 
vation time and value of 2E/N 0 as in part (a), what would be the accuracy of an A-band 
(10.525 GHz) radar speed-gun? 

6.11 Using the first part of Eq. 6.21, (3 2 E = [ [s'(t)\ 2 dt, show that the rms error in measur¬ 
ing the time delay of a trapezoidal pulse is the same as that given by Eq. (6.14). 

6.12 Note that the sine integral function Si(47r) = 1.492. (The energetic reader might try to find 
the time waveform s(t) out of a rectangular filter when B s r t = 4, plot s(t) to find its half¬ 
power width t, and express (3 and a in terms of the half-power width r.) Find the values of 
the effective bandwidth (3 and the effective time duration a for a different quasi-rectangular 
pulse formed by taking the bandwidth B s [in Fig. 6.2, Eq. (6.9), and Eq (6.25)] extending 
from —2/r r to +2/r r , where t,. is the width of the original rectangular pulse. Thus B s r r = 4. 

6.13 Using the definition of /3 [Eq. ( 6 . 8 )], definition of a [Eq. (6.23)], Eq. (6.21), Parseval’s 
relation [Eq. (5.13)], Schwartz inequality, [Eq. (5.11)], and performing integration by parts, 
show that (3a ~ tt and that the equality holds for the gaussian function. (Only for those 
who enjoy a mathematical exercise.) 
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6.14 Show that J(2irf) 2 \S( /)| 2 df = -J, s"(t)s(f)dt = f [s'(t)f dt, which is Eq. ( 6 . 21 ). The lim¬ 
its of all integrals are from — oo to +oo. (Start with s(l) expressed as an inverse Fourier 
transform of ,S(/),and differentiate s(l) twice.) 

6.15 What is the message of the radar “uncertainty principle”? 

6.16 Show that the rms error for the measurement of the phase of a sinewave is 8<]> = (2 S/N)~ 1/2 , 
where S/N is the signal-to-noise ratio. [This can be obtained from the error in making a 
measurement of the time when a sinewave crosses the time axis. Note that phase </> is 
equal to 27 rft, so that 8<f> = 27 rf St. The derivation is similar to that given for the rectan¬ 
gular pulse that led to Eq. (6.4), except that the time is measured when the sinewave 
crosses the time axis once.] 

6.17 What information about the radar waveform can be obtained from the amb iguity diagram? 

6.18 The amplitude of the peak of the signal out of a matched filter is 2 E, where E is the sig¬ 
nal energy. This can be seen from Eq. (6.42). A peak output of 2 E implies that the out¬ 
put has units of energy [(volts ) 2 X time], but this cannot be so since the output of a filter 
should have volts as the unit. Show that the unit for the output of the matched filter is ac¬ 
tually volts and not energy. (This is related to problem 5.6.) 

6.19 Explain qualitatively (no derivation needed) why the ambiguity diagram shown in Fig. 6.9 
is that of a down-chirp; i. e., frequency of the linear FM waveform decreases with time. 

6.20 (a) Why might one want to use both an up-chirp and a down-chiip waveform on two suc¬ 
cessive pulses in a linear-FM pulse-compression radar system? (b) When might one use 
a waveform with the following three contiguous parts: (1) an unmodulated CW waveform, 
(2) a down-chirp and (3) an up-chirp? (c) Why might one want a radar to operate with an 
up-chirp when another similar nearby radar operates with a down-chirp? 

6.21 A C-band (5.5 GHz) ballistic-missile detection radar employs a linear-FM pulse- 
compression radar with a 1 . 0 -ms uncompressed pulse-width having a down-chirp cover¬ 
ing a bandwidth of 200 MHz. If the target has a radial velocity of 2 km/s, what is the er¬ 
ror in range (km) due to the doppler shift of the target? What is the range error in terms 
of the resolution of the compressed pulse? 

6.22 Determine the shift in the time delay AT r with a linear-FM pulse-compression waveform 
whose bandwidth is B and time duration -is T when the target experiences a doppler 
frequency shift f d for the following two cases: (a) Ballistic-missile-detection radar with 
B = 1 MHz and T = 1 ms, when f d = 100 kHz. (b) Aircraft-detection radar with B = 100 
MHz and T = 10 /as, when f d = 1 kHz. In each of the two cases: (c) What is the doppler- 
caused time-shift error, measured in meters of range? (d) What is the ratio of the doppler- 
caused time shift and the resolution in time delay of the waveform (which you may as¬ 
sume to be 1 /B)7 

6.23 How can one find the true range and true doppler frequency shift of a target when using 
linear-FM pulse-compression waveforms? 

6.24 In this problem two nearby aircraft are both located within the antenna beam, but one is 
trailing slightly behind the other. The trailing aircraft has a slower speed than the leading 
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aircraft. They are being detected by a linear-FM pulse-compression radar. Describe why 
in this case, it is better to use an up-chirp rather than a down-chirp when it is desired to 
provide a wide separation between the two output echo signals. 

6.25 (a) Show that the tapped delay line that generates a Barker code of length 5 can be used 
as a matched filter if the receive signal is inserted from the opposite end. (This can be 
shown by sketching the output of the matched filter.) (b) How can the dispersive filter 
used to generate a linear-FM (chirp) signal be used as the matched filter to receive the 
echo signal? 

6.26 Show (simple diagrams are okay) that the two different Barker codes of length 4 in Table 
6.4 are also complementary codes. 

6.27 Background: Generally, one can assume that the doppler shift is constant across the spec¬ 
trum of the echo signal. There are cases, however, where this is not so, as in the current 
problem. Problem: A ballistic missile detection radar is attempting to detect a target mov¬ 
ing with a radial velocity of 2 nmi/s. The radar employs a linear-FM pulse-compression 
waveform with a bandwidth of 100 MHz. What is the longest pulse width that can be used 
before significant degradation of the compressed pulse width occurs? (See the discussion 
in the subsection Doppler-Tolerant Pulse-Compression Waveforms.) 

6.28 In the previous problem, one might have used the criterion that 2BTv r /c must not exceed 
unity. This criterion is based on the doppler at the leading edge of a long FM pulse of 
length T and bandwidth B being significantly different from the doppler at the trailing 
edge of the pulse when the target radial velocity is v r . Derive the expression 2BTv r lc < 
1. [One criterion that might be applied is to require the spread in the time-delay mea¬ 
surements caused by the difference in the doppler shifts at the leading and trailing edges 
of the pulse of duration T to be no greater than the spread (1 IB) in the time-delay mea¬ 
surement when the target is stationary (no doppler shift).] 

6.29 A linear-FM pulse-compression radar has a bandwidth B and an uncompressed pulse du¬ 
ration T. The matched filter is followed by a sidelobe-reduction filter whose weighting 
function is 


W(f ) = cos (ttJ/B) rect (f/B) 

where rect (x) = 1 for |x| < 1/2 and equals 0 for \x\ > 1/2. The signal spectrum at the 
output of the matched filter is rectangular and is given as 

SJf) = Vm rect (f/B) 

and the noise spectrum at the matched filter output is 
N(f) = (N 0 /2) rect (f/B) 

Find: 

a. The signal waveform s w (t) at the output of the sidelobe-reduction filter. 

b. The loss in signal-to-noise ratio due to the sidelobe-reduction filter. 

c. The level of the first sidelobe of the output waveform s w (t). 
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(Acknowledgment: This problem was generously given to the author by an instructor of 
a radar course in Huntsville, Alabama many years ago. He used it as part of a take-home 
exam. Unfortunately, over the years I lost his name, but wish to acknowledge, with grat¬ 
itude, my use of his problem here and throughout the years in my own radar course.) 

6.30 An Wband (9.5 GHz) ground-based ISAR (inverse synthetic aperture radar) is imaging 
an aircraft at a range of 20 nmi. The aircraft is traveling at a speed of 250 kt and is on a 
tangential trajectory (i.e., it is perpendicular to the radar line of sight). The ISAR image 
is obtained as the aircraft is viewed broadside to the radar line of sight, so that the view¬ 
ing aspect is 90° or in close vicinity to it. What must the total radar observation time be 
in order to obtain an image with a cross-range resolution of 1 m? 

6.31 What effect might the echo from a rapidly rotating antenna located within a range- 
resolution cell of an ISAR have on the ISAR image of the target? 

6.32 A ground-based 5-band (3.2 GHz) radar is observing a helicopter. One may assume that 
the velocity of the tip of the blade of a helicopter is 210 m/s and that the length of a blade 
is 6 m. 

a. What is the time between blade flashes for a two-blade and a three-blade helicopter? 

b. What is the time duration of the blade flash for a two-blade and a three-blade 
helicopter? 

c. If the radar antenna has an azimuth beamwidth of 3°, at what lpm must the antenna 
be rotated in order to insure that the blade flash will be detected on each scan of the 
antenna? 

d. What must the prf of the radar be to insure that there are at least five pulses received 
from the blade flash? 

e. What is the radar cross section of the blade flash for an odd number of blades? 

f If the helicopter is hovering, what is the maximum doppler shift that might be obtained 
from the helicopter blades? 

g. What is the maximum forward speed (kt) that a helicopter can have if the actual ve¬ 
locity of the tip is to be less than 0.8 of Mach 1? (Mach 1 can be assumed to be 
343 m/s.) What is the maximum doppler shift of the radar echo from the helicopter 
blade? 

6.33 (a) What options are available for reliably recognizing one aircraft target from another by 
noncooperative methods? (b) Describe how one might reliably recognize a shi p target by 
noncooperative methods, (c) Describe how one might reliably recognize a helicopter tar¬ 
get by noncooperative methods. 

6.34 It has sometimes been said that two pulse signals, one at frequency /„ and the other at fre¬ 
quency f 2 , each of width r, can be resolved (separated by filters) by a radar if the num¬ 
ber of cycles within the pulse width t at frequency /, differs by at least one from the num¬ 
ber of cycles within the pulse width r at frequency f 2 . (a) Show that this criterion for 
resolution is equivalent to the more usual criterion that \]\ — f 2 1 > 1/r. (b) A long-range 
UHF radar (440 MHz) for the detection of satellites is assumed to have a pulse width of 
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2 ms. What is the minimum difference in radial velocity of two targets that will allow 
them to be separated by doppler filtering? 

6.35 A linear-FM waveform and a (sin Trft)lTrft waveform both have a uniform power spec¬ 
trum. Does that mean they both can use the same pulse compression filter? (More than a 
simple yes or no answer would be nice.) 

6.36 It was said in Sec. 6.5 in the discussion of linear-FM pulse-compression that the true range 
of a target can be found by using both an up-chirp and a down-chirp waveform, and tak¬ 
ing the average of the two time delays. It is also possible to obtain the true doppler fre¬ 
quency shift using the same two measurements of time delay from the up-chirp and down- 
chirp waveforms. (This was Problem 6.23.) Derive an expression for the rms accuracy of 
the frequency measurement found from the two time delay measurements when the fre¬ 
quency extent of the linear FM is B and the time duration is T. 


